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ELECTRONICS FOR NUCLEAR RESEARCH 


Nuclear Pulse’ Ampliftiers— 
Fundamentals and Design Practice 


To keep pace with the new high-resolution particle detectors pulse 
amplifiers have become much more elaborate in design, taking into 
account many possible sources of pulse-height distortion 


by E. FAIRSTEIN, Jennelec Instrument Company, Inc., Oak Ridge, Tennessee 
J. HAHN, Columbia University, New York, New York 





Since the time in the late ’20’s when physicists (1) found 
that they could get information about particle energy from 
the size of the voltage pulses produced by their (letectors, 
pulse amplifiers have become standard pieces of equipment 
in nuclear research laboratories. The basic function of 
these instruments remains what it. was 40 years ago—to take 
the low level pulse issuing from the particle detector and 
transform it, through amplification and pulse shaping, into 
an output pulse more suitable for measurement and analysis, 
To preserve the information contained in the original pulse, 
the height of the amplifier output pulse must, of course, bear 
a precise relationship (usually a linear one) to the input 
pulse and this relation must remain stable over long periods 
of operation. 

It is the level of precision and stability required that has 
shown marked changes since the first pulse amplifiers were 
designed. In’the early days, when physicists were probably 
lucky to get a particle energy resolution of 10% with ioniza- 
tion chambers, it was sufficient that the amplifiers be linear 
and stable to a few per cent. 

Today with lithium-drifted germanium detectors operated 
at cryogenic temperatures, one can attain spectral line widths 
in the range 0.25%-0.5% (2) fwhm. For such high resolu- 
tion detectors the dispersion introduced by the amplifier sys- 
tem from all sources should add no more than 0.05% to the 
line width. To achieve such levels of precision one must 
take into consideration all phenomena that can possibly dis- 
tort even slightly the relation between the energy lost in the 
detector and the electrical signal obtained at the output of 
the amplifying system. These sources of possible distortion 
include the basic dynamic characteristics of various portions 
of the amplifier, the effects of pileup at high counting rates, 
the influence of thermal noise, drifts in gain with changes in 
ambient temperature and circuit paralysis following an over- 
load. In this work our basic mission will be to examine cach 
of these sources of distortion. We shall attempt to define 
the effect in fundamental terms and explain how modern 
design practice attempts to cope with the influences of the 
effect in each instance. 





BAR. 
a 
oe. — eae ae 
: ¥ 


In addition to having high linearity, the modern pulse 


amplifier must also be capable of providing extremely accu- 


rate timing information. With the increasing use of coinci- 
dence and time-of-flight methods to identify events or deter- 
mine particle energy, there is a requirement for amplifier 
units which ean produce pulse timing signals having “jitter” * 
and “walk’’ as small as ~1% of the pulse rise time. 

Not all uses of pulse amplifiers in nuclear laboratories re- 
quire the high levels of performance indicated above. For 
instance, for gross activity counters, where no attempt is 


made to define particle energy, the precision and stability of * 


response can be relatively poor. The principles of design 
for amplifiers suitable for such applications are, however, 
much the same as for the high-performance units being built 
to meet the needs of particle spectrometry. 

For the spectrometer-quality instruments, a linear re- 
sponse is by far the-most popular but is by no means neces- 
sary; a logarithmic or other nonlinear response may be pre- 
ferred in some situations because, in a single measurement, 
it yields spectral detail over a much wider energy range than 
is possible with a linear system. Spectrometry is practical 
with the nonlinear unit only if the amplifier amplitude re- 
sponse is both precisely known and stable for long periods of 
operation. These conditions are more difficult to achieve 
for nonlinear responses than for the simpler linear response, 
In the remaining discussion our interest will be restricted to 
linear amplifiers. 

Much of the improvement in performance of pulse ampli- 
fiers has come about with the use of transistors instead of 
vacuum tubes. (An exception is the input stage of the 
preamplifier, where tubes may still have advantages over 
transistors). The most obvious merits of transistors are: 

© Because of the low levels of heat generated in transistor 

circuits, the gain-determining elements of the amplifier are 
not subjected to wide temperature variations. As a result, 
gain can be more constant for transistor circuits than for 
tube circuits. 





*See glossary on P. 59 for definitions of terms introduced in 
quotes. 
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Detector Pulse 


Ainplifier Output Pulse 
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From preamplifier 


FIG. 1, NUCLEAR PULSE AMPLIFIER of today has same basic 
function os earliest units—to produce output pulse with height 
accurately proportional to energy loss of detected particle. 


® The much higher “gain-bandwidth product” of transistors 
compared to that of tubes allows more feedback to be applied 
to transistor circuits, with a corresponding improvement in 
gain stability. 

* Unlike tubes, transistors appear to be completely free of 
sudden jumps in gain or bias level. The mechanisms at 
work in tubes that cause these jumps—sudden changes in 
grid-to-cathode spacing, bursts of cathode emissivity, and 
whisker growth which causes intermittent grid-to-cathode 
shorts—are missing in transistors. 

© Principally because of the absence of a volatile cathode, 
the life and long-term gain stability of transistors are far 
greater than that of tubes. 

® The existence of transistors with complementary polarity 
has added a degree of freedom to circuit design not possible 
with tubes. Thus, one now routinely uses operational 
amplifier circuitry and d-c coupling within feedback loops to 
minimize blocking (a problem for a-c coupled tube circuits). 


Detector Characteristics 


The shape, magnitude, and noise content of the input 
signal to the main amplifier are determined by the detector 
and preamplifier. 

Detectors may be categorized as solid state (scintillation 
counters, semiconductor detectors) and gas filled (ion 
chambers, proportional counters). 

In all cases the electrical signal is a current which flows 
briefly, ic. an impulse of charge (the dimensions of the 
impulse being current times time). The area of the impulse, 
that is the total charge generated by each ray or particle 
absorbed in the detector, is directly proportional to the 
absorbed energy. 

The duration of the current varies with the detector and 
with the nature and energy of the radiation; durations may 
vary from less than 1 nsec to more than 3 usec (but not over 
this wide range in a single detector type). The shortest 
durations occur in plastic scintillators and narrow-depletion- 
depth semiconductor detectors (0.1 to 10 nsec), and the 
longest in the gas-filled detectors (0.01 to 5 psec). Scintilla- 
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Whereas earlier amplifiers were accurate to a few percent, modern 
units coupled to high resolution semiconductor detectors are expected 
to degrade energy information by less than 0.05% 


tors like sodium iodide and cesium iodide are intermediate 
with total current durations of 0.75 to 1.5 usec. In the 
solid-state detectors, there is a small but definite time de- 
pendence on the kind of radiation (beta, gamma, etc.) de- 
tected but, in most cases, virtually no time dependence on 
the energy. In the gas-filled detectors the opposite is true. 

In semiconductor detectors, the energy conversion factors 
are IV = 2.8 and 3.5 ev per electronic charge for germanium 
and silicon, respectively. No charge multiplication occurs 
within the detector. In scintillation counters, the effective 
W is 3 to 30 kev per electron, with multiplication factors as 
high as 10? occurring in the photomultiplier. In the gas- 
filled detectors, the conversion factor is 25 to 35 ev per ion 
pair. No multiplication occurs in ion chambers, but multi- 
plication factors of as much as 10,000 are common for pro- 
portional counters, Thus, depending on the detector and 
the energy of the radiation, signal heights may vary from 
the amplifier noise level to amplitudes at which noise is 
completely negligible. 


Current-Mode Vs. Voltage-Mode Amplification 


Current and voltage are inseparably linked. Neverthe- 
less, in the design of amplifiers one parameter may be con- 
sidered dominant; the other, then, bears an undesired para- 
sitic relationship to it. 

There are two areas of signal processing in which the 
distinction between current- and voltage-mode operation 
can be made, These relate (1) to the signal being processed 
and (2) to the amplifier circuits. It is unfortunate that the 
same terms are used for both because the meaning is com- 
pletely different for the two cases. We will attempt to dis- 
tinguish between them by reserving the terms “current 
mode” and “voltage mode” for the signal being processed 
while omitting the word “mode” when referring to amplifier 
circuits. 

Let us first consider the detector signals. The interaction 
of the incoming ray or particle with the active material of 
the detector releases a quantity of charge proportional to 
the energy loss. (The fact that an intermediate step occurs 











in scintillation detectors is immaterial to this discussion.) 
The charge manifests itself at the detector terminals as a 
current having a duration which depends mainly on the 
kind of detector being used. 

It is important to note that the instantaneous amplitude 
of the current is not proportional to the energy Joss in the 
detector; it is the charge, or the integral, of the total current 
which bears the desired proportionality, Consequently, 
somewhere in the system, be it at the detector or at some 
later point in the amplifier, an integration must be performed 
to obtain accurate energy information. 

If the detector “time constant,” i.e., the product of resist- 
ance and capacitance which shunts the detector terminals, 
is small compared with the duration of the current the shape 
of the current waveform is preserved and a eurrent-mode 
signal results. If the time constant is Jarge, the eurrent 
waveform is integrated and a voltage-mode signal is oh- 
tained. The height of the resulting voliage step is Q/C, 
where Q is the charge (in coulombs) released in the detector 
and C is the capacitance (in farads) which slants it. The 
step decays exponentially with the detector time constant, 
The “rise time” is nearly equal to the duration of the current 
and is virtually independent of the detector time constant, 

Whether current- or voltage-mode signal processing shoulid 
be usedyand at what point in the amplifier the transition 
between the two should be made depends upon several fuc- 
tors, the main ones being the duration of the detector cure 
rent, preamplifier noise, and count rate. 

Three distinct amplifier systems ean be discussed in 
connection with these parameters. 

The first is the traditional voltage mode system. In this 
the signal is integrated nt the detector to produce a “luil 
pulse.” This pulse is then differentiated late in the pre- 
amplifier or early in the main amplifier and possibly a second 
time later in the main amplifier. ‘Chis system has scon far 
wider use than any other and will be covered in detail in 
later section. 

Perhaps the major disadvantage of traditional voltage- 
mode processing is that at high counting rates pile-up can 
become a problem even in the early stages of amplification. 
When this occurs, current-mode signal processing may be 
advantageous. In t} stem a low-valued detector loud 
resistor, real or virtual, is used to preserve the shape of the 
eurrent signal. The detector is followed by a preamplifier 
and main amplifier having rise times comparable to the 
duration of the current. At or near the oulput stage, a 
multiple integration is introduced. ‘The first integration 
converts the current-mode signal to a voltage-mode tail 
pulse, and the second and successive integrations round the 
leading edge and introduce symmetry to the pulse shape. 

In current-mode operation, before the signal is converted 
to the voltage mode, gating or other logival operations may 
be performed on the current mode signal with a minimum 
of interference between adjacent pulses. 

For reasons beyond the scope of this discussion, the pre- 
ceding system is usable only when the energy resolution is 
not determined by the signal-to-noise ratio (snr) of the 
preamplifier. 

When both the snr and pile-up in the early stages are 
critical to the performance a third system may be used to 
advantage. It consists of a voltage mode preamplifier fol- 
lowed by a current mode main amplifier similar to the one 
described above. In this mode of operation the detector 


























current is first converted to a voltage mode tail pulse through 
the use of a high-valued detector load resistor, then back to 
a current pulse by a heavy differentiation at the output of 
the preamplifier. 

We shall now discuss signal widths in the amplifier when 
used in the current mode. In the amplifier, the minimum 
current, mode signal duration will be determined by the 
longest of the following three parameters: (1) duration of the 
detector current, (2) amplifier risetime, or (8) shortest signal 
decay time in the system. (It will be shown later that in 
current mode systems the latter two time constants are 
best made equal fallowing us to consider only the first two 
parameters.) Which of these should control depends upon 
the detector current duration and the use to which the 
signal will be put. Several examples come to mind: (1) If 
the purpose is to study the detector waveforms, it is manda- 
tory that the amplifier risetime and detector time constant 
be less than the detector current duration. This condition 
will be impossible to fulfill if the duration is less than about 
2 nsec because of the bandwidth limitations of presently 
available-traffSistors. (2) If gating or other logical opera- 
tions must be performed on the signal before it is integrated, 
the signal duration should be compatible with the speed of 


‘the logic circuits. With presently available equipment 10 


nsec is practical most of the time. If 10 nsec is adequate, 
the cost of broadbanding makes it pointless to make the 
amplifier faster even if the detectors make this possible.’ 
(3) With slow detectors, such as sodium or cesium-iodide 
scintillitors, if is relatively easy to build an amplifier with a 
(ime much Jess than the duration of the detector current. 
There is no justification for doing so, however, because the 
signal duration will not he reduced thereby. 

When (he detector current duration is shorter than the 
minimtun signal decay time, an amplifier whose rise-time 
is much faster than the signal decay time is wasteful of 
amplifier bandwidth (aud results in poor snr). Conversely, 
an amplifier Whose risetime is much greater than the signal 
decay time is wasteful of gain, An optimum situation exists 
when fhe decay time constant and amplifier rise time are 
approximately equal. 

Vron the preceding discussion, we can conclude that only 
in special cases is the shape of detector current accurately 
preserved through the preamplifier and early stages of the 
main anplifier, From the purist’s point of view the signal 
cannot be considered eurrent-mode unless the shape is pre- 
served, but we will not make this fine a distinetion, Any 
signal having a duration shorter than the pulse which leaves 
the output terminal of the main amplifier will be considered 
a current-mode signal. 

With regard to the amplifier circuits, the terms “current 
amplifier” and “voltage amplifier” are completely unrelated 
to the current- and voltage-mode signals discussed in the 
preceding paragraphs. A eurrent amplifier is one in which 
the input impedance is low and the output impedance high. 
For a given input signal power, the low input impedance 
results in a low voltage and high current. ‘The converse is 
true of voltage amplifiers. By cascading a series of cur rent 
amplifying stages, the signal voltage may be kept below one 
volt, if desired, until the output stage is reached. The 
voltage there may be allowed to rise to a level which can 
operate conventional pulse-height analyzers. 

It is important to note that either type of signal processing 
—current-mode or voltage-mode—may be used with either 














July, 1965 - NUCLEONICS 


a current amplifier or voltage type of amplifier. 


(The above article is the first part of a series by the authors on 
this subject; the second installment will appear in the September 
issue of NUCLEONICS.) 
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Glossary of Pulse-Ampiitier Terms 


¥, 
Amplification factor—The ratio of Output, v) —-\, Amplification factor: Ge 


output pulse height to input pulse 
height of all or a portion of an Inpuly,~ 
amplifier. 






Amplifier—An instrument for magnifying 
signal levels. Symbol: 





Aspect ratio—The width of a pulse 
measured at 90% height divided 
by the width at 10% height. A 
square pulse has an aspect ratio 
(ar) of 1.00. An exponentially de- 
caying pulse with zero rise time has 
an aspect-ratio of 0.046. 





Baseline—The datum from which pulse heights are measured. With 
dc-coupled output stages, this datum may or may not be at zero 
volts d-c. With ac-coupled output stages, the baseline is always at 
zero volts d-c at zero count rate. The baseline may shift up or down 
depending on the shape, polarity and count-rate of the pulses. 






Bipolar Pulse 


Bipolar pulse—A pulse that has two 
major lobes about the baseline. 


Bootstrap—An amplifier and a cath- 
ode-follower (or emitter-follower) 
in which the output of the fol- 
lower is fed back to the load re- 
sistor of the amplifier for the 
purpose of keeping the voltage drop 
across the load resistor nearly in- 
dependent of the signal voltage. 


ingot_ 


Conversion gain—Ratio of output signal to input signal in which the 
electrical units differ between output and input. For example, pre- 
amplifier conversion gains are frequently listed in terms of wv per ion 
pair, or «v per coulomb. 







Crossover point—in a doubly dif- 
ferentiated signal, the point at 
which the pulse crosses the base- 
line; alse called zero crossing. 


Crossover point 
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Difforentiator—A network in which the output signal approximates the 
mathematical derivative of the input signal. Its simplest forms are a 
high-pass RC network or an RL network: 


R-C Network R-L Network 





- 


In more complicated form, it consists of a short-circuited delay line © 
or, in still more complicated form, a delay line plus an inverting 
amplifier: 


Short-circuited 
Delay Line 


Deloy Line Plus 
inverting Amplifier 


Linear adder 
i_ high impéd. 





The waveform resulting from delay-line shaping can closely approxi- 
mate a mathematical derivative because the output signal, vo is 
Vo = Vin(L) — Vin(L + At) where vin(t) is the input signal as a 
function of time and Aé is the transit time through the delay line 
(2-way transit time for the shorted line). Aé is assumed small com- 
pared to duration of the input signal. 


Dispersion—The scattering of measured pulse heights about a mean 
value. This scattering constitutes the width of a spectral line. 


Duiy cycle—The ratio of resolving time to the mean spacing between 
pulses, or the product of resolving time and count rate, 


Dynamic characteristic—The curve which relates the output pulse 
height of an amplifier to the input pulse height. 


Fast—Having short rise time and good high-frequency response. 


Gain—Synonomous with amplification factor. 


Gain bandwidth product—Product of the high frequency cutoff point 
(3 db point) and the low frequency gain. For a tube the gain band- 
width product = gm/2rC where C = total output capacitance. The 
gain bandwidth product for a tube is independent of load resistance, en- 
abling low frequency gain (gmits) to be traded for high frequency 
bandwidth (1/2¢RiC). For a transistor the product of low fre- 
quency short circuit current gain times the frequency at which 
this gain falls to a value’ 3 db below its low frequency value is also 
equal to gm/2eC where now C is approximately equal to the base- 
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emitter junction diffusion capacitance plus the collector-base junction 
transistion capacitance. Note that for a transistor the product defined 
above is independent of 2x, only because in the definition of short- 
circuit current gain Hz is assumed to be zero. For a fintte Ry, 
the gain bandwidth of a transistor is not independent of Ay. Never- 
theless gain bandwidth is still a useful concept even for transistors, 
and while the relationship is no longer a simple one, gain and band- 
width may still be traded, one for the other. A typical upper limit 
for the gain bandwidth product of a vacuum tube is 400 me. A 
typical upper limit for the short-circuit-current gain bandwidth of a 
transistor is 2,000 me. 


High-pass network—Any network 
that attenuates low frequencies, 
causing a flat-topped pulse to 
decay. Its simplest form is an 
RC network: 






tae 

6 db/octove 

20 db/decade 
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If vin is a sine-wave generator of a 
frequency f, the output of the net- -°” 
work as a function of frequency is: 


ool 


If vin is a square pulse, the output of the network is: 






Initio! slope =-RC volts per sec 


ay 
@ 
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Hysteresis (referred to trigger circuits)—The difference between the 
input signal level required to trip a trigger circuit and the level which 
makes it recover. 


Integrator—A network in which the output signal approximates the 
mathematical integral of the input signal. Most commonly used forms 
are a low-pass RC network or an RL network: 


R-C Network R-L Network 
e a 
i Cc 


Jitter—Noise-induced random variation in the location of a timing mark. 


Linearity—See nonlinearity. 


Low-pass network—Any network that attenuates high frequencies, causing 
a rounding of the leading edge of a square pulse. Its simplest form 
is an RC network. 






1 
1 
1 
If vin is @ side-wave generator, 1 
the output of the network as a tol lyse 
function of frequency is: H 
| 
Qo} a 

{— 
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if vin is a square pulse, the output of the network as a function of 
time is: 








Mean spacing—in a counting channel that spacing between pulses 
which has a 50% probablity of occurrence. It corresponds to the 
reciprocal of the mean count rate. 


Nonlinearity—If the output signal 
amplitude of a pulse amplifier is 
plotted as a function of the input 
signal height, a straight line should 
result. The deviation of the actual 
line from a straight line is a 
measure of the nonlinearity. 


Amplifier Output (Vp ) 





Amplifier Input (Vin) 


Nonlinearity, differentia—A measure of the change in amplifier gain 
as a function of amplifier output level. Numerically defined as 
100[ — (dvro/dvin)u/(dvo/dvin):J% where (dvo/dvind is the 
slope of a desired point on the measured output-input curve and 
(duvo/dv\n)r is the slope at a stated reference point. 

Referring to the curves under nonlinearity, a convenient reference slope 
is that of Line A (Triangle 1). If the amplifier response curve is 
described by a parabola, the points of greatest deviation in slope occur 
at the origin and at rated maximum output (Triangle II). The dif- 
ferential nonlinearity of either of these points (except for sign) is exactly 
four times the integral nonlinearity (Line “A” as reference for both), 
lf Line B is used as reference, the maximum differential nonlinearity 
occurs at rated maximum output and is twice as large as the integral 
nonlinearity defined by Line B. It is also exactly twice as large as the 
differential nonlinearity of the previous example. None of the preceding 
magnitudes would apply if the output-input curve were other than 
parabolic. 


Nonlinearity, integral—1. The maximum vertical deviation between the 
straight line “A" (see figure above) and the actual amplifier gain 
curve expressed as a percentage of rated maximum output. 2. An- 
other definition is the deviation from straight line “B” (tangent at the 
origin) at rated maximum output, expressed as a percentage of rated 
maximum output. If the gain curve is parabolic, the nonlinearity 
determined by this method is exactly four times larger than the first 
method. 3. A third definition is the deviation at maximum output 
from straight line “'C’, which is drawn so as to equalize the positive 
and negative deviations. The nonlinearity expressed by this method 
will be half as great as for the first method. Depending on the instru- 
ments available for the measurement, one of the three methods will 
be easiest to apply. Each of the methods is equally valid, if the 
method is stated when the nonlinearity figure is quoted. 


Overshoot—in a bipolar pulse, the 
portion following the primary pulse 
having the same polarity as the 
primary pulse, regardless of the 
initial polarity. The term “over- 
shoot” may also be applied te a 
bump on an otherwise flat-topped 
pulse. The definition which applies 
in a particular case will be clear 
from the context. 


Overshoot 
(shaded portion) 
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Pile-up—The overigpping of a sequence of pulses to produce a staircase 
elfect. , 


Pile-up detector—An ifstrument which senses the partial coincidence 
of two pulses. 





Primary pulse or Initial pulse—The Reimar pulses 


first part of a bipolar pulse, regard- aie <a 


less of polarity. ~~) 


‘ 


Pulse-height analyzer—A single-channel or multichannel instrument that 
categorizes pulses according to heights. 


Pulse height or True pulse height 

—The height of a pulse measured IX. 

at its top-most point from a spot v= \true pulse height 
directly below it on the instantan- = ,— ~~~) —\ 
eous baseline. For a bipolar pulse, Ground) fisloronais 

the definition refer to the primary 
pulse unless stated otherwise. 






Pulse height, measured or Apparent pulse height—The height of a 
pulse measured from the baseline that would exist at zero count rate. 


Quiescent current—The current which exists in a device in the absence 
of signal. Also called “standing current.” 


Resolving time (of a pulse shaping 
network)—For a unipolar pulse, the rc 
ratio of the pulse area to height or 
the width of a rectangular pulse 
having the same area and height as 
the pulse under discussion. The 
ratio of area to height has the 
dimension»of time. 

For a bipolar pulse, or for a pulse 
with undershoot, the same definition 
applies, but only to one lobe at a time. On occasion the resolving 
time is used to refer to the arithmetic sum of the separate resolving 
times of a bipolar pulse, but this will be clear from the context. 


Ringin| 
ee = iB 


Resolving time of undershoot 
= 





Resolving time of primary pulse 


Ringing—An oscillatory condition 
associated with pulse response. 
“Ringing” is usually an undesired 
parasitic effect and may occur any- 
where on a pulse. 


Secondary time constant—The second shortest time constant in an 
amplifier without regard to location in the preamplifier or main 
amplifier circuits. The shortest time constant is assumed to be that 
of the one or more differentiators in the amplifier chain. 


Skirt—A spurious continuous spectrum contiguous with a monoenergetic 
peak. Randomly overlapping pulses will cause skirts. 


Slewing—A non-constancy of pulse shape which results when the 
constant rise-time condition at low signal level gives way to a constant 
rate-of-rise condition at high signal level. 


Spectrometer—An instrument system for obtaining spectra. 


Spectrum—A distribution of the number of pulses of a particular 
amplitude vs amplitude. 


Spread—Same as dispersion. 
Standing current—See quiescent current. 


[ Pies: Tail Pulse 


Tail pulse—A pulse having a short 
rise time and a relatively long, ex- 
ponential decay. 
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Time constant--The product of R in ohms and C’ in farads, or the 
ratio of L in henries to 4 in ohms. The unit of the time constant is 
seconds. The “time constant” frequently appears in circuit analysis 
and is convenient to use in assigning numerical values to the time or 
frequency response of electrical networks. 


Top curvature—The second derivative of the peak of 2 pulse which has 
been normalized to unit height. The top curvature is a measure of 
the sharpness of a pulse. For a flat-topped pulse, the top curvature is 
zero. For a pulse resulting from the application of a square wave to 
an RC differentiating-integrating network in which the two time con- 
stants are equal, the top curvature is —1/(RC)*. For an RC dif- 
ferentiator alone, the top curvature is not defined because of the 
discontinuity in the derivative. 


First overshoot 












Undershoot—tin a bipolar pulse, the 
portion that is opposite in polarity 
to the primary pulse, regardless of First 
the primary-pulse polarity. In a undershool 
ringing signal, the undershoots are 
numbered in sequence. 


undershoot 





x, 


First overshoot 
Se pulse—A pulse which, ex- 
cept for ringing or a small under- ‘ 
shoot, is predominantly single sided Bree 


with respect to its baseline. 


Walk—A shift in the location of a timing mark caused by sensitivity 
to the amplitude of the pulse that generated the mark. 


Zero crossing—See crossover point: 





Constants and “Magic Numbers” 


= 2.350 
Ww = 2.8 ev/hole-electron pair for germanium 
= 3.5 ev/hole-electron pair for silicon 
= 25 ev/ion pair for P-10 gas (90% A-10% CH,) 
= 3 kev/electron for a sodium-iodide scintillation counter 
Electronic Charge = 1.6 X 10°” coulomb. 
(Boltzmann's constant) = 1.37 X 107 joules/°K 


True rms value of a Gaussian noise distribution = 1.135 x meter 
reading of an average-response voltmeter or 1/5 X peak-to-peak value 
‘of noise distribution viewed on a slow-sweep oscilloscope. 


The background noise count is less than 1 cps at a discrimination 
level of 5.5 % the rms noise-level, less than 1 per hour at 6.7 X the 
tms level, with 1-~sec RC pulse shaping time constants. 


Probable value of a Gaussian distribution (50% occurrence) = 0.6750. 


Probability that deviations will exceed 20 is 4.5%, 2.60 is 1%, 3.30 
is 0.1% and 4.16 is 0.01%. 


Voltage drop across a semiconductor junction decreases approximately 
2 mv/°C increase in temperature. 


Leakage current through a semiconductor junction approximately 
doubles for every 8°C increase in temperature. 


Transistor current amplification factor 8 increases 0.5-2%/°C increase 
in temperature, depending on transistor type. 
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In this second part of the series that began in the July 
issue the authors complete their discussion of current-mode 
vs. vollage-mode amplification and go on to consider the 
various sources of pulse-height distortion. 
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An inherent limitation on amplifier speed is the time re- 
quired to charge the parasitic capacitances of the circuit. 
For a given capacitance, this time is directly proportional 
to the voltage swing and inversely proportional to the signal 
current. The low-voltage high-current operation of current 
amplifiers results in a distinct speed advantage. Added to 
this is a practical consideration relating to the availability 
of very-high-frequency transistors. The fastest transistors 
have low breakdown voltage ratings. Because of the low 
signal voltages existing in current amplifiers, low power sup- 
ply voltages are permissible, making it possible to use these 
high-frequency transistors. 

Figure 2 illustrates both current and voltage types of 
amplification. The feedback network consists of R, and 
R;. For agiven output voltage at Terminal 2, the signal at 
point X is —1/A times as great, where A denotes the voltage 
amplification between X and Terminal 2, and the minus 
sign denotes polarity inversion. If |A| > 1, the signal at X 
is much less than that at the input or output terminals. 

If the signal source at Terminal 1 in Fig. 2 is a current 
generator, the voltage developed there is i; Ry, where 4, is the 
signal current and R, is the input resistor. Conversely, if 
the source is a voltage generator, the current which flows is 
i, = 0;/Ry. For current amplification, R, is usually chosen 
to match the connecting cable impedance—50 to 125 ohms. 
For voltage amplification, 2, is usually 500 to 2,000 ohms. 

The signal at Terminal 2 is a voltage of magnitude 
v(R2/R;). Considered as a voltage amplifier, the ratio 
R,/R; is the gain. Note that by a slight rearrangement of 
terms, vo = (v;/R,)R2 = iis. Thus the amplifier may be 
used as a current to voltage converter. 

The signal at Terminal 3 is a current having a magnitude 
slightly less than the ratio of the voltage at Terminal 2 to 
the effective resistance to ground (or virtual ground) of all 
resistors connected to Terminal 2. The deficit is the current 





FIG. 2. AMPLIFIER STAGE illustrating both current and voltage 
types of amplification 
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which flows in the base of Q;. Referring to the equations at 
Terminal 3 in Fig. 2, the current gain is seen to be a(R + 
R;)/Rs & (1 — 1/8)(Ra + Rs)/Rs where the (1 — 1/8) term 
accounts for the signal loss in the base of Q;. The transistor 
current amplification factor, 8, is usually between 25 and 
200. 

The principal weakness of using Terminal 3 as a current 
output terminal is that 6 is temperature dependent and 
cannot be stabilized by feedback. This is a very small 
effect, however, and would be importam,.only in the highest 
resolution spectrometers. Typical values for the tempera- 
ture coefficient of B vary from 0.5% to 2%/°C. In the 
worst case of B = 25 and AB/B = 2%/°C, the change in 
(1 — 1/8) is 0.08%/°C. If 8 = 100 and AB/6 = 1%/°C, 
the change is only 0.01%/°C. 

The preceding temperature effect is eliminated by using 
Terminal 2 as an output terminal and by making R, the 
input resistor of a following stage of similar design. The 
current gain then becomes R2/Rs. (This follows from the 
fact that vo, the output voltage of the first stage becomes the 
input voltage to the second; then, % = iho, to = Vo/Ra, and 
to/ti = Ro/Ra, where io, the input current to the second 
stage, assumes the role of i. 

From the foregoing discussion it can be seen that by the 
selection and arrangement of the feedback and load resistors, 
the same basic configuration serves as a current amplifier, 
voltage amplifier, or converter between the two. 

Returning to the topic of current- or voltage-mode signal 
processing, the latter, despite its shortcomings, is by far the 
most popular, and the emphasis in the remainder of our 
discussions will be directed towards the factors pertaining 
to voltage-mode processing. 


Pulse Height Distortion 


The fidelity with which a pulse height analyzer records an 
energy spectrum depends on how accurately individual 
pulse heights are recorded. Since the pulses have finite 
width, finite height, and occur at a random rate, they can be 
distorted in height by chance overlap and by limitations on 
the linearity of the amplifier. Noise, gain drifts due to 
temperature, and “baseline” shifts which accompany vary- 
ing count rates also add to the distortion. 

The degree to which an amplifier is required to preserve 
pulse height constancy ultimately depends on the resolving 
power and/or the signal level of the detector. At this 
writing, the detectors that impose the most stringent ampli- 
fier requirements are refrigerated lithium-drifted germanium 
detectors. The spectral line width (fwhm) attainable is 
presently in the range of 0.25% to 0.5%. . Ideally, the 
“dispersion” introduced by the amplifier system from all 


sources should be minimal. In practice 0.05% is a difficult 
level to achieve but a good one to use for purposes of dis- 
cussion; it permits few, if any, amplifier parameters to be 
ignored. 

Linearity, one of the primary factors influencing pulse- 
height fidelity, refers to the accuracy with which the 
“dynamic characteristic” adheres to the specified one. It 
is usually thought of in terms of energy axis calibration of a 
spectrum, and, when a measurable nonlinearity occurs, the 
amplifier output stage is considered to be the principal 
offender. There is much more to it than this, however, 
because in every pulse amplifier system there are several 
locations where nonlinearity can cause spectral line broaden- 
ing at high count rates. This aspect of nonlinearity will be 
covered in detail later. 

Output terminal nonlinearity. In that part of the 
amplifier following the pulse-shaping networks, nonlinearity 
affects the energy axis calibration but not the pulse dis- 
persion. The energy axis calibration is affected by the 
“integral nonlinearity.” ‘The shape of individual peaks is 
affected by ‘differential nonlinearity.” Since differential 
nonlinearity is proportional to the derivative of the integral 
nonlinearity, one cannot oceur without the other. Numeri- 
cally, the differential nonlinearity is always the greater of 
the two. ‘The factor by which differential exceeds integral 
nonlinearity depends upon the number of terms higher than 
first power required to describe the dynamic characteristic. 

In some situations nonlinearity is not at all important. 
For example, in assay work where all of the peak energies 
are known and the total counts within a particular peak are 


Symbols 
A Amplification factor 
anc Alternating current 
ADC _ Analogue-to-digital converter 
C Capacitance in farads 
eps Counts per second 
d-c Direct current 
f(t) Function of time 


gm Transconductance, the ratio of small-signal short-circuit 
output current to small-signal input voltage 


fwhm  Full-width-at-half-maximum of a spectral line 

K Constant 

n Arbitrary count rate 

N Specified count rate; also, an arbitrary number. 

Ns) Number of counts at a particular energy 4s @ function 
of energy 

nsec nanosecond = 10°" sec 


Charge, in coulombs 
R Resistance in ohms 
ref Radio frequency 


Root-mean-square value In a random 


of a function. 


rms 
distribution, the rms value and the standard deviation 
are synonomous 

snr Signal-to-noise ratio, 

t Time in seconds 

Tt Fall time 

Ts Rise time 

T. Secondary time constant 

Te, Resolving time 

Vo Output voltage (variable quantity) 

Vo Output voltage (fixed quantity or peak value) 

4 input voltage (variable quantity) 

Vi Input voltage (fixed quantity or peak value) 

v(t) Voltage variation as a function of time 

Ww Energy required to release a charge pair in a detector 

o Standard deviation of a random distribution; also, the 
rms value of the distribution 

il In paraliel with 

B In a transistor, the ratio of collector signal current to 
base signal current 

ae In a transistor, the ratio of collector signal current to 


emitter signal current 


+30 





(a) 


FIG. 3. CONTROL OF NONLINEARITY: (a) simple amplifier with 
emitter follower; (b) bootstrapped amplifier; (c) amplifier with 
constant current load. Numbers give quiescent d-c volts 


summed, it matters not at all whether the peak has kinks in 
it, the reason being that the area under the peak is un- 
affected by the nonlinearity. 

Minimizing nonlinearity. Nonlinearity occurs in tubes 
and transistors subjected to a current swing. Because 
vacuum-tube main amplifiers are rapidly becoming obsolete, 
we willed ti the discussion to transTsirs. A transistor, 
like a tubo, has a transconductance directly proportional to 
the current through it. In a high-level stage, the current 
swing may be quite large. Tor example, the circuit of 
Tig. 3a can swing +10v, but to do so Point X (in the case of 
a positive polarity output signal) must move from the 
quiescent value of +15 v to +25 v. With a 30-v power 
supply, the voltage drop across R changes from 15 v to 5 v 
and the current through Q: from 15/R to 5/R. Since the 
gain is proportional to the transconductance, which, in turn, 
is proportional to the current, the resulting 3:1 current 
swing is accompanied by a 3:1 gain change. Even if this 
stage is contained within a feedback loop having a feedback 
factor of 100, the gain variation will not be reduced below 
2%.* 

A frequently used technique for reducing the current 
variation is “bootstrapping” as shown in Fig. 8b, By 
feeding the output signal from an emitter follower back to 
Point Y, the voltage drop across the resistor which connects 
X and Y is held nearly constant, thereby keeping the current 
and gain of Q; nearly constant. The large current varia- 
tion through the upper portion of the collector load resistor 
is absorbed by Q2, which, through the feedback inherent in 
an emitter follower, does not allow much of a gain shift. 
This technique is not perfect, however, because at high 
count rates (particularly under overload conditions), 
duty-cycle shift occurs at Point Y, allowing a gain shift to 
occur in Qi. 

A circuit free of duty-cycle effects is shown in Fig. 3c. 
In this circuit, Qs acts as @ constant-current load for Q:. 
The current is set by Ra and the base voltage at Qs. Thus, 
the collector of Q; can swing over nearly the full range of 
power supply voltage with only a negligibly small change in 

* With a low impedance driving source, the voltage gain of a 
single transistor stage is approximately gmRt (Ru = load resistor). 
With a relatively high impedance driving source, the voltage gain is 
approximately AR./I, (R, = driving source resistance). The 
value of gin can be assumed proportional to the quiescent operating 
current. 8 is also a function of operating current, however, the 
variation of 6 with curront is considerably less than that of gm- In 
most actual circuits the driving source impedance is somewhere 
between the two limits defined above. ‘As a result, in assuming the 


gain to be proportional to gm we are assuming a worst-case depend- 
ence of gain upon operating current, 


/ 
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collector current, 

The circuits in Fig. 3b and 8c both suffer from the fact 
that the high impedance at Point X is reflected as a rela- 
tively high impedance at the output terminal, and, con- 
versely, loading at the output terminal is reflected in loading 
at Point X. This lack of isolation is overcome by the 
addition of an emitter follower between the output terminal 
shown in the figures and the point at which the external 
load is applied. 

Bootstraps and constant-current loads, in the process of 
improving linearity, also increase the low-frequency gain. 
High frequency gain is hardly affected, however, because it 
depends on the parasitic capacitance at Point X. The 
constant-current load is inferior to the bootstrap in this 
respect because the additional transistor adds capacitance. 


Pulse Shaping 

Signal-to-noise ratio, resolving time, and the precision 
and linearity of pulse-height analyzer response are critically 
dependent on the shape of the pulses being processed. The 
signal that is produced by the detector never has an ideal 
shape, and it is always necessary to alter the pulse profile 
somewhere in the amplifier chain, In this section, we 
examine in some detail the influence of pulse shaping on 
the accuracy of recorded spectra. 

Let us assume that the output signal from the detector is 
integrated to produce a “tail pulse” before it feeds into the 
amplifier system. The “rise time” is determined by the 
detector characteristics, and the tail by the resistance and 
capacitance appearing at the terminals of the detector. 
For the best possible snr, the capacitance must be kept as 
low as possible and the resistance as high as possible; so 
high, in fact, that the tail is undesirably long from the stand- 
point of pile-up. The tail can be shortened with a stra~- 
tegically located “differentiating network.” 

The “time constant” of the differentiator influences the 
snr, the count-rate limitations of the amplifier, and, in con- 
junction with other aspects of the shaping networks, the 
linearity of pulse-height analyzer response, Discussion of 
these factors will be deferred until some of the characteristics 
common to all pulse-shaping networks are examined. 

When a voltage step or a tail pulse is applied to the input 
of a differentiator, the resulting output signal is proportional 
to the height of the step but of much shorter duration. See 
Fig. 4. Regardless of the exact shape of the output signal, 
for our present purpose it will be helpful to think of it as a 
rectangular pulse having the same peak height and area as 
the actual output pulse. The resulting width is the “resolv- 
ing time” 7', of the differentiator. 






- 


Differentiator Yo Tw 






Output 
FIG, 4, EFFECT OF DIFFERENTIATION on voltage-step input pulse 


If the amplifier has one RC interstage coupling network in 
addition to the differentiator, there can be no net d-c com- 
ponent in the output signal; consequently, the “primary 
pulse” must be followed by an “undershoot” having the 
same area, The undershoot will be exponential, with a 
decay constant determined by the “secondary time con- 
stant,” and with a peak amplitude relative to that of the 
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(le Zero crossing 
indershoot = Ke7!/Ts 


Where lim K = Ty/T. 
T/T @ 


FIG. 5, PULSE WITH UNDERSHOOT resulting from use of idealized 
differentiator and single RC interstage coupling 


primary pulse which asymptotically approaches 7/7, for 
T.> T (3). (The error is less than 10% for 7, = 107',.) 
See Fig. 5. Note that the total pulse has a single zero 
crossing. Note also that the output signal of a detector 
has the same waveform as that obtained from a perfect: 
step-function generator followed by an interstage coupling 
network. Thus, the detector plus a differentiator is 
equivalent to an a-c coupled system. 

If there are two RC coupling networks in addition to the 
differewtititor, an “overshoot,” having an amplitude 
approximately equal to (7«/7',)?, will Mow the undershoot, 
where the time constant of the second network may be any 
value between 7’, and 7',, if the condition 7, > T'y still 
obtains. The total pulse will have two zero crossings. 

For a system containing N interstage coupling networks 
including the differentiator, there will be a succession of under- 
shoots and overshoots of ever diminishing amplitudes, with 
exactly N — 1 zero crossings. 


ere 


FIG. 6, DOUBLY DIFFERENTIATED PULSE SHAPES: (a) double RC; 
(b) double RC with single RC integrator; (c) double delay line 


If, in a system of N coupling networks, two of them have 
the same time constant, and this time constant is appreciably 
shorter than any of the others, the detector pulse will be 
doubly differentiated and exhibit a large undershoot followed 
by a much'smaller overshoot. The undershoot can vary 
from a minimum of 13.5% for cascaded RC differentiators 
(Fig. 6a) to a maximum of 100% for delay lines (Fig. 6c). 
Cascaded RC networks with a single RC integrator result in 
an intermediate value of 84.5% (Fig. 6b). 

In each instance, the zero crossing is time invariant with 
respect to the start of the initiating event. This is a useful 
fact because it allows fast coincidence measurements—5 to 
20 nsee—to be made between two amplifier channels in 
which 1-usee shaping networks are used. The measurement 
requires the use of a circuit that detects the instant of zero 
crossing. 

Pile-Up Effects 

With random spacing between successive pulses, ‘‘pile-up” 
is unavoidable. It occurs at all signal points in the pre- 
amplifier and amplifier, and is one of the causes of spectral- 


line broadening. The mechanism by which broadening 
occurs in the preamplifier (before the differentiator) is 


(o) 


A>2000 
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(b) 
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FIG. 8. 


FIG. 7, PULSE SHAPES (a) in preamp, ifler 
preamplifier circuit 


and (b) in moin amplifier. f t 
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different from that in the main amplifier (after the dif- 
ferentiator). This difference is explained with the help of 
Fig. 7. 

In the preamplifier, pile-up can drive the output stage 
over a wide dynamic range. “Nonlinearity” causes the 
steps at the extremes of the range to have different heights, 
thereby broadening an otherwise monoenergetic pulse- 
height spectrum. rm 

In the main amplifier, after at bast a Single differentiation, 
pile-up occurs on the undershoots, and, to a lesser degree, on 
the primary pulses, Since nigati! pulse-height analyzers 
measure pulse heights from the ground level, those pulses 
which fall on the undershoots of earlier ones will appear to 
have lower amplitudes; the statistical fluctuations in the 
magnitude of the baseline depression result in dispersion of 
the measured pulse heights. Superimposed on this dis- 
persion is that due to the nonlinearity of the amplifier over 
the range of baseline variation. With single differentiation, 
the latter effect is so small compared with the former as to be 
insignificant. With double differentiation, the long-dura- 
tion undershoot is eliminated, and only the pile-up due to 
coincidences (or partial coincidences) of the main pulses need 
be considered. (This will be diseussed later.) In the 
amplifier section preceding the second differentiator, the 
long undershoot associated with the first differentiator still 
exists, and dispersion can occur as stated above. However, 
while the second differentiator eliminfites the component of 
dispersion due to the direct baseline modulation of the pulse 
height, it does not eliminate the Component due to the 
nonlinearity. This component is discussed in greater 
detail in the section on pile-up. . 

Preamplifier pile-up. The basic circuit of the input stage 
of a typical very-low-noise charge-sensitive preamplifier is 
shown in Fig. 8. For an input signadagyich is an impulse of 
charge Q, the output pulse is described by 


vo(t) = (Q/C)e-Wne (1) 


where Q is the input charge in couiginbs: C is in farads, and 
R is in ohms. This pulse shape is: characterized -by an 
abrupt rise followed by an exponential decay with a time 
constant of 1 msec for the values shown in the.figures.-. At 
a count rate of 1,000 cps, few pulses will fail to overlap each 
other. With random spacing between pulses-the instan- 
taneous voltage will vary according to Campbell’s theorem 
(4) of the mean square: fret 


tom = [nfo tora} ~  @ 


where nis the count rate and f (¢), in this case, corresponds to 
‘vo(t) of Eq. 1. Thus, Eq. 2 becomes 








R(1,000 MQ) 
INPUT STAGE of charge: -résistive 





Detector 





; a ¥ 
FIG. 9. PREAMPLIFIER circuit with emitter= 


# yaa f follower output 


(3) 


If the input signal is assumed to be the charge obtained from 
a cooled germanium detector (W = 2.8 ev) in a beam of 
5-Mev particles and the detected count rate is 10,000 eps, 
Eq. 3.gives a value of 0.64 volts. This is the rms fluctua- 
tion of the instantaneous baseline. Approximately 68% of 
the pulses will be subjected to a fluctuation not exceeding 
0.64 volts; the remaining 32% will suffer a greater baseline 
fluctuation. The degree of line broadening depends on the 
shape and magnitude of the preamplcer linearity curve over 
this voltage swing. 

Tn any specific case, a quantitative fictive for the degree of 
spread would be difficult to obtain, However, to get some 
feeling for the magnitude, consider an emitter-follower out- 
put stage for a preamplifier as shown in Fig. 9. The use of 
such a stage is tempting because of its simplicity, but the 
poor results obtained from not enclosing the stage in a larger 
feedback loop will become apparent from the following 
computation. 

It can be shown that the output impedance of an emitter 
follower is approximately 25/Z, where I is the collector 
current in milliamperes. With zero output signal and a 
“standing current” of 5 ma, the output impedance is 
59. With a -+0.64-volt baseline excursion, the current 
furnished to the external load is +0.64 v/2002 = 3.2 ma. 
Thus, the transistor current swings over the range of 
5 + 3.2 ma and the impedance from 8Q to 142. This 11-2 
variation in conjunction with the 200-2 load results in a 
5.5% variation in the heights of pulses arriving at the main 
amplifier. Of all the pulses which occur, those contained 
within +1 standard deviation (68% of the total) will be 
modulated by 5.5% or less, The remainder (32%) will be 
affected even more. The exact shape and spread of the 
resulting pulse height distribution isnot easily determined, 
but its fwhm will certainly be over 5.5%. 

‘Returning to the general discussion of pile-up in pre- 
amplifiers, several of the commercially available models have 
a second stage with a gain of 2 to [6 coupled to the first 
through a time constant which is usually about 50 usec. 
With two cascaded time constants, one can show from Eq. 2 
that the rms fluctuation of the baseline due to pileup in 
the second stage is: <4 


eae: nT Tr 
Porm Se A Fi [as (4) 


where n = count rate in cps, 
A = second-stage gain, 
Q.= charge per pulse released by the detector, 
T,.= time constant of the feedback network in the 
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charge-sensitive stage, 
7: = coupling time constant between first and second 
stages, 
C = feedback capacitor in the charge-sensitive stage. 
If 7; > 1072, Eq. 4 simplifies to 


Q [nT |* 
rms AX | 
e aa 


with an error of less than 1.0%, and where the symbols have 
the same meaning as before. 

Using the conditions of the preceding example in Eq. 5 
and assuming an interstage coupling time constant of 50 
nsec, the rms voltage fluctuation is 0.29 v for a second-stage 
gain of 2 and 2.3 v for a gain of 16. Whether the first or 
second stage controls the resulting spectral line spread 
depends on the circuit details and how they pertain to the 
linearity. 

Main amplifier pile-up. In the main amplifier, pile-up 
can occur on the primary pulse and on the undershoot. 

One may think of the undershoot as a baseline displace- 
ment which recovers exponentially with the secondary time 
constant controlling. If the system is singly differentiated 
and no baseline restoration is used in the pulse-height 
analyzer (to be discussed later), spectral dispersion and peak 
shift will depend on the “mean spacing” between pulses 
relative to the time constant of the undershoot. 

In Fig. 10, the mean spacing between Pulses b and ¢ is 
assumed to be large compared with the secondary time 
constant 7',. When this is so, 4 spectrum of pulse heights 
will show many of the pulses to be unaffected by the presence 
of others, An example of this is Peak ¢ in the spectrum of 
Fig. 11. Here the upper pulse height (energy) limit is 
sharply defined, corresponding to those pulses which start 
from the non-displaced baseline, while the lower edge of the 
spectrum is smeared, corresponding to those pulses which 
fall at various points along the tails of earlier ones. {In this 
instance, the peak is undisplaced, but the centroid is shifted 
toward lower energy by a fractional amount numerically 
equal to the “duty cycle.” At high count rates, all but a 
vanishing fraction of the pulses are affected by earlier ones, 
as can be seen from Peak bin Fig. 11, In this instance, both 
the peak and the centroid of the distribution are shifted, 
with the fractional shift of the centroid, as in the preceding 
instance, being equal to the duty cycle. The spectrum is 
unsymmetrical; the peak is always on the high-energy side 
of the centroid. 

The rms value of the spectral line dispersion due to the 
undershoot can be computed from Cambell’s theorem (Eq. 2) 
where f(t) = (T/T,)e~!™. It becomes, relative to the 
undistorted pulse height: 

Relative dispersion, rms = 7'/T,(nT,/2)* 


T(n/2T,) 
0.707[(Tu/T.)nT w)* 


(6) 
(7) 





PEAK SHIFT DUE TO PILE-UP. Pulse b appears to have 
lower amplitude than Pulse a because it falls on undershoot of 


FIG. 10. 


Pulse a. Pulse ¢ is not affected by Pulsé b because latter has 
decayed to level of baseline 
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FIG. 11, SPECTRA OF PULSE HEIGHTS corresponding to pulse 
shapes of Fig. 10. Count rates contained in spectra of (b) and 
(e) are much higher than in (c) and (d) 


where 7'./7', in Eq. 7 is the fractional undershoot, and nJ'y 
is the duty cycle. This is a particularly useful form because 
the resolving time and undershoot are easily estimated from 
an oscilloscope display. 

For a typical example, assume a resolving time of 1 usec, 
a secondary time constant of 50 usec, and a count rate of 
10,000 eps. The undershoot will be 14) = 2%, the duty 
cycle will be 104 x 10-* = 1%, and the rms dispersion will 
be 1%. From the earlier discussion, the centroid of the 
spectrum will be shifted lower in energy by 1%. 

Because we assume that the relative height of the under- 
shoot = 7./T,, Eq. 5 is valid (within 5%) only for the 
condition 7’, > 10 Ty. 

Also the skewed nature of the spectral distortion causes 
most of the spreading to occur below the half-maximum 
height where line widths are usually measured. This type 
of distortion tends to fill in the valleys between closely 
spaced peaks to a degree much greater than for a sym- 
metrical spread. 

‘The spectra at points d and e in Fig. 11, correspond to the 
sum spectra at low and high count rates, respectively; i.e., 
the spectra of those pulses that overlap, not on the tails, but 
directly in the region of the primary pulse. The area under 
the sum peaks is equal to the probability of primary pulse 
coincidence, and this probability is equal to the duty cycle. 
The shapes of the sum spectra are strongly dependent on 
the shape of the primary pulses and virtually independent 
of the shape of the undershoot, Just the opposite is true. 
of the shapes of the primary spectra. 

With double differentiation, the duration of the under- 
shoot is greatly reduced and the sum spectrum becomes the 
dominant form of dispersion. Any form of dispersion is 
undesirable, of course, but that associated with the sum 
spectrum has the saving feature that the bulk of it is 
separated from the main peak. That feature, plus the fact 
that peak shift is virtually eliminated, makes it possible to 
work the system at much higher count rates than would be 
possible with single differentiation. 

A quantiative method of estimating the shape of the sum 
spectrum is useful because it helps the experimenter to 
uncover anomalies in complex spectra; it also gives some 
insight into the relative merits of various pulse shaping 
networks, at least from the standpoint of distortions at high 
count rates. Such a method is given below. 

The method requires a knowledge of the pulse shape; this 
can be obtained from an oscilloscope or from analysis of the 
networks used in the amplifier. The method is based on 
the fact that the probability of some critical point on a pulse 
occurring within a specified small time interval is numeri- 
cally equal to the width of that interval divided by the 
mean spacing between pulses. The mean spacing is, of 
course, the reciprocal of the count rate. 

Begin by graphing the pulse shape. Then divide the 
pulse into a convenient number of equal amplitude inter- 
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FIG, 12, DOUBLY DIFFERENTIATED PULSE divided into increments 
of equal amplitude to estimate size and shape of sum spectrum 
(see Fig. 13) 


vals. (Equal time intervals can be used instead with a 
slight variation in the procedure.) The divided pulse shape 
for a network consisting of a double RC differentiator 
followed by a single RC integrator is shown in Fig. 12. For 
clarity, only four intervals were chosen. 

Assume a count rate of N eps. Referring to Fig. 12, the 
probability that the peak of the next pulse will fall within 
the time interval t — ¢; is N(t, — ts). This peak will add 
to the existing one to produce # point on the sum spectrum 
with a relative amplitude of 1.875 and a relative frequency 
of occurrence of N(t; — ta). (The value of 1.875 was 
obtained be assuming that the average peak height within 
the interval ¢, — ts is at the middie of the amplitude incre- 
ment.) The relative frequency of occurrence for a sum peak 
height of 1.625 is N[(ts — ¢2) + (ts — 4], for a sum peak 
height of 1.875 is N[(te — t,) + (ts — ts)], ete. Figure 13 
shows the total spectrum for a count rate of N mono- 
energetic pulses per second, each of which has a shape like 
that shown in Fig. 12. 

The main peak occurs at 1.00 on the energy axis, It 
would have unit height if it were not for the counts con- 
tained within the skirts. The lower edge of the spectrum 
oceurs at 0.632 and corresponds to those pulses falling at the 
trough of the undershoot. The upper edge falls at 2.00, 
corresponding to tho perfect overlap of two successive 
pulses, 


1.00 
N(e) 


0.632 1.00 2.00 
FIG. 13. SUM SPECTRUM resulting from pulse shape of Fig. 12 
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The spectrum shown in Fig. 13 is a doubles spectrum. 
A triples spectrum will occur also, corresponding to the 
probability of three pulses piling up, but the area contained 
within this spectrum is small compared with that of the 
doubles case. 

The sum spectrum corresponding to that of idealized 
double delay-line differentiation is shown in Vig. 14, ‘The 
sum spectrum with this pulse shape is concentrated in two 
well defined lines at zero and 2.00 on the energy axis, 

We can draw the following conclusions about the shape of 
the sum spectrum resulting from the use of a particular 
pulse shaping network: 

* For each peak in a complex spectrum, two additional 
peaks will be generated, one at exactly twice the original 
energy and the other at a lower energy which depends on the 
magnitude of the undershoot relative to that of the primary 
pulse height. 

*The region between the peaks will be filled by a con- 
tinuum, the shape of which depends on the rise and fall 
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FIG, 14, IDEALIZED DOUBLY DIFFERENTIATED PULSE SHAPE (left) 
and the resulting sum spectrum (right) 


times of the amplifier pulse. 

* The shape of the first-order spurious spectrum does not 
change with count rate, but the area contained by it relative 
to that of the true spectrum is numerically equal to the duty 
cycle. 

From the foregoing, it would appear that spreading of the 
main peak can be drastically reduced through double dif- 
ferentiation, However, there remains one effect which is 
frequently overlooked but which accounts for poor resolu- 
tion at high count rates in some amplifiers. This effect is 
due to nonlinearity in the stage immediately preceding the 
second differentiator. A typical situation is shown in 
Fig. 15. Assume that the duty eycle of the singly dif- 
ferentiated pulses at Point A is 10 /, resulting in an average 
baseline shift which must also be 10%, If the undershoot of 
an ‘individual pulse is small (say 2%), the baseline dis- 
placement at Point B is (2%)? = 0.04%, which is negligible, 
However, the baseline at Point A is subject to statistical 
fluctuations. Using Iq. 7, the rms value of this fluctuation 
relative to the pulse height is 0.707(0.02 x 0.1)¥ = 3.1%, 
The critical factor in this situation is the linearity of the 
amplifier at Point A. The pulses delivered to Point B 
through the differentiator will have their average heights 
altered by the integral nonlinearity existing at Point A. 







differentiator differentiator 





FIG. 15, IDEALIZED PULSE SHAPES before and after the second 
differentiator in amplifier chain 


Worse yet, because of the fluctuating level of the baseline, 
the pulse height will be modulated by the differential non- 
linearity existing at Point A over the range of fluctuation. 
The resulting dispersion is further increased if there is a 
background of overloading pulses. For example, even an 
overload factor of 10 will increase the undershoot from 2% 
to 20% referred to a nonoverloading pulse. 
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In this third part of the series that began in July and 
continued in Seplember, the authors review the distorting 
effects of overloads and noise and begin a discussion of 
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Overload Recovery 


The advent of the scintillation counter (6) with its 
tremendous range of energy response added a new dimension 
to amplifier design: performance under conditions of high 
amplitude overload. In older, singly-differentiated vacuum 
tube amplifiers (6), typical overload response looked like 
the curve in Fig. 16. Under overload conditions, the 
exponential tail of a normally nonoverloaded signal was 
greatly magnified in amplitude to produce the broad primary 
pulse. The small undershoot present in the nonoverloaded 
signal was also magnified, usually disproportionately so, 
because somewhere in the amplifior the clamping action of 
a. positively-driven grid quickly charged up a coupling 
capacitor which recovered at normal speed after the grid was 
no longer conducting. ‘The preceding effect, known as 
“blocking,” accounted in part for the subsequent over- 
shoot, The net result was to make the amplifier completely 
dead to a subsequent nonoverloading pulse for 50 to 1,000 
pulse widths, and to produce a baseline offset for as long as 
an additional 10,000 pulse widths. 






Overload signal 
Nonoverloading signal 


FIG. 16, OVERLOAD RESPONSE in order, singly differentiated 
vocuum-tube amplifier compared with nonoverloading response 


The first major improvement was an amplifier design in 
which none of the tubes could be driven into grid cur- 
rent (7). ‘The next advance was the introduction of double 
delay-line differentiation in conjunction with circuitry which 
kept the impedance seen by coupling capacitors constant to 
10%, regardless of the degree of overload (8). The pulse 
shapes resulting from this technique are shown in Fig. 17.. 






Overload pulse 
+—Nonoverload pulse 





FIG. 17. OVERLOAD RESPONSE of delay-line differentiated 
amplifier: (a) before and (b) after second differentiator 





Fig. 17a shows the pulse shape in the stage preceding the 
second differentiator, and Fig. 17b shows it at the output 
terminal. The good “aspect ratio” of the delay-line shapes 
results-in a minimum of primary-pulse broadening, and the 
second differentiator quickly restores the large undershoot 
which follows the singly-differentiated signal. In the first 
amplifier to use the above technique, recovery to 10% from 


*a 400 overload took about 8 nonoverloaded pulse widths, 


and recovery to 1% from the same overload took about 100 
nonoverloaded pulse widths. The much greater recovery 
time for the lower percentage recovery is due mainly to the 
residual “wiggles” caused by nonuniformities in the delay 
lines. The broadening of the undershoot when in overload 
is caused by saturation of the amplifier section following the 
second differentiator and is undesirable because, by up- 
setiing the area balance between the primary pulse and the 
undershoot, a small overshoot is formed which decays with 
the secondary time constant. In this regard it helps to 
limit the signal applied to the second differentiator to a 
level which does not permit it to be overloaded heavily, a 
typical upper limit being about 4x. More will be said 
about this in the section on the location of the shaping 
networks. 

"There are three well defined levels of overload which the 
experimenter should be aware of, These will be explained 
in relation to the block diagram of the hypothetical doubly- 
differentiated amplifier shown in Fig. 18. The signal 
levels and waveforms for this amplifier are given for rated 
maximum output (defined as +10 v in this instance) at, 
maximum gain, ‘The undershoot and overshoot levels and 
decay times are consistent with explanations given earlier in 
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FIG. 18. HYPOTHETICAL AMPLIFIER with waveforms shown at 
critical locations in block diagram of circuit 
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FIG, 19. WAVEFORMS at two locations in amplifier of Fig. 18 
under conditions of paralyzing overload 


this article. It is assumed that the maximum linear signal 
level at Points A, B, and C is +10 v, with saturation occur- 
ring at, perhaps, +12 v. 

With a normal maximum signal level of 2.5 v at the input 
to the second differentiator, the maximum possible overload 
to which the last stage can be subjected is 4.8. With an 
undershoot of 2% at point B and a linear signal level of 
2.5 v, the overload level must be 50 X for the undershoot to 
equal 2.5 v and approximately 240 X for the undershoot to 
reach the saturation level. 

With a normal signal level of 10 mv at Point A, an over- 
load of 1,200 would be required here for preamplifier 
saturation. 

The three preceding paragraphs define the three levels of 
overload. 

The first level occurs at 4.8X, above which area unbalance 
between primary pulse and undershoot occurs. 

The second level occurs at 240X. Vor overloads greater 
than this, the undershoot at Point B saturates the preceding 
stage. The significance of this is that subsequent signals 
which fall into this saturated region will either fail to reach 
the output terminal at all, or will do so with varying degrees 
of amplitude distortion, Thus, this is. a critical level below 
which the amplifier recovery time will be two nonoverloaded 
pulse widths or less, and above which the amplifier is 
paralyzed for a time dependent on the overload. Because 
of the relatively shallow slope with which the undershoot 
recovers, a small increase in overload beyond this critical 
value results in a large increase in paralysis time. 

Furthermore, at the instant when the amplifier comes out 
of paralysis, an overshoot develops. The reason for this 
can be explained with the aid of Fig. 19 which shows the 
output pulse superimposed on the waveform at Point B in 
Fig. 18, The amplifier is paralyzed up to time 71, At this 
instant, the change in slope resulting from the undershoot at 
Point B coming out of saturation is differentiated by the 
second differentiator to produce a baseline excursion at the 
output terminal having the same polarity as the primary 
pulse. The amplifier is alive at this point and will distort 
subsequent signals until the overshoot has decayed suffi- 
ciently (which it does, in this instance, with a 50-ysec time 
constant). 3 

One might argue that most pulse height analyzers will be 
dead during this time, so that this situation cannot result, in 
spectrum distortion. Consider, however, the example 
illustrated by Fig. 20. After a dead period from a preceding 
analysis, the analyzer comes alive at time 7, during the 
amplifier dead time. It can do so because the internal 
baseline inspection circuit sees zero signal at this instant, 
At Ts, the amplifier recovers. A new pulse enters the 
system at 7 and is incorrectly recorded. 

The third critical overload level occurs at 1,200 X over- 
load when the preamplifier output stage overloads, As in 


| Amplifier a 
Overload | 
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FIG, 20, SPURIOUS PULSE formed (right) ot instant amplifier 
recovers from overload pulse (left) 


the preceding example, a spurious signal will be generated at 
the instant (he preamplifier recovers, and despite the fact 
that the amplifier is still paralyzed when this happens, the 
magnitude of the spurious signal will be great enough to pro- 
duce an output pulse. 

When the amplifier is used for high resolution spectros- 
copy, the critical range of overload is the region below the 
level where the undershoot at Point B in Fig. 18 saturates. 
Since undershoot at this point carries the baseline through a 
large fraction of the amplifier’s dynamic range, nonlinearity 
here will show up as dispersion in the spectrum. It follows, 
then, that for the best spectral resolution when there is a 
high background rate of overloading pulses, the dynamic 
range and linearity at the stage preceding the second 
differentiator should be as high as possible consistent with 
limited overload of the shapes following the differentiator. 


Noise 


System noise appears as a random fluctuation of the 
instantancous baseline. Desired signals are modulated by 
this fluctuation, adding to the dispersion already present in 
the detected signals. Measured spectral line width (stand- 
ard deviation) is equal to the quadratic sum of the rms 
noise level and the standard deviation of the line which 
would be measured in the absence of noise. 

The ultimate noise source is the input stage of the pre- 
amplifier, including any electronic noise contribution of the 
detector. The lowest noise level so far attained is an 
rms signal equivalent to the charge contained in a pulse 
of 120 electrons (830-ev fwhm referred to a germanium 
detector) (9-11). If the detector is capable of 0.25% 
resolution, preamplifier noise will control the line width for 
energies below ~400 kev. 

For commercial equipment, the lowest noise level is about 
350 electrons rms, or about 2.3 kev fwhm for a cooled, 10 pf 
germanium detector, In this instance, the noise-limited 
energy crossover for a 0.25% germanium detector occurs at 
930 kev. 

The factors in the main amplifier that influence the 
system noise are the noise contribution of the first stage, 
whether the system amplification is varied with an attenu- 
ator or a true gain control, and the type and location of the 
pulse shaping networks. 

Main amplifier input stage. In an amplifier system, 
the main amplifier noise contribution to the total noise 
should be negligible. ‘he tolerable noise level of the main 
amplifier, referred to its input, depends, therefore, on the 
preamplifier noise level referred to the preamplifier output 
terminal. Let us compute this noise for a commercially 
available preamplifier intended for use with refrigerated 


germanium detectors. Specifications arc as follows: 


880 electrons rms with a 10-pf 
detector and 0,8-usec time 
constants in the main amplifier. 
Conversion gain: 0.21 pv per electron, X1 and X8. 


Noise level: 


The noise level referred to the output of the preamplifier 
(or the input of the main amplifier) is the product of the two 
specifications given above: 0.21 uv/electron X 380 electrons 
= 80 pv (or 8 X 80 = 640 pV in the high-sensitivity 
position). If we say that the main amplifier should con- 
tribute no more than ~2% to the total noise when the 
preamplifier output noise is 80 nv, and bearing in mind that 
noise levels add quadratically, we can compute that the 
main amplifier noise may be as high as 16 pv. Several 
commercially available main amplifiers are quicter than this. 

If the preamplifier drives 2 matched cable, the sensitivity 
is reduced by half, and the noise level due to the preamplifier 
measured at the main amplifier input terminal is halved. 
Terminating the preamplifier cable does not affect the noise 
generated in the main amplifier, however, and to maintain 
the same performance computed above, it would be neces- 
sary either to halve the main amplifier noise contribution or 
double the preamplifier sensitivity. 

The principal source of main amplifier noise is the shot 
effect in the input transistors. (Base current noise is 
insignificant by comparison because of the low impedance in 
the base circuit.) In general, balanced-input stages are 
41% noisier than single-ended stages for the same transistor 
current. 

Amplification control. Two types of amplification control 
are in general use. Each has advantages and disadvantages 
as follows: 

The first type consist of a low-impedance resistive attenua- 
tor placed at the input of the main amplifier. It has the 
advantage of inherent circuit simplicity, and, if of constant- 
output-resistance design, does not require trimming adjust- 
ments to preserve constant rise time over the range of 
control. It has the disadvantage that the relative noise 
contributions of the preamplifier and main amplifier are 
altered with changes in attenuation. This action occurs 
because the input attenuator reduces the preamplifier signal 
while leaving the main amplifier noise unaffected. 

With the preamplifier described earlier, an attenuation of 
10 would reduce the preamplifier noise contribution from 80 
py to 8 wv, while leaving the main amplifier noise unchanged. 
Clearly, if the main amplifier noise were 16 uv, its contribu- 
tion would dominate. Whether this would influence 
spectral line width would depend on the quality of the 
detector, the size of the detector output signal, and the 
main-amplifier gain. 

To avoid the condition described above, the attenuator is 
frequently split into two sections, one at the input and the 
second at a point later in the amplifier, With this arrange- 
ment, the main amplifier noise contribution can be mini- 
mized by keeping the input control at the lowest attenuation 
possible without overloading the input stage. 

In the second method of amplification control, the feed- 
back ratio in a fedback amplifier is varied, thereby control- 
ling the gain rather than the attenuation. The principal 
advantage of this type of control is that the main-amplifier 
input noise and the preamplifier output signal are affected 


together as the gain control is varied, with the result that 
their relative noise contributions are unchanged. 

"Pho disadvantage of the feedback-type control is its com- 
plexity. If the transient response and the gain stability are 
to be kept constant, a series of stabilizing networks must be 
switched along with the feedback resistors, and it is usuaily 
necessary to separately trim each of the gain positions for 
the desired transient response. 


Pulse Shaping Networks 


Pulse shaping in a linear amplifier is a critical factor in 
overall performance. The pulse-shaping networks and 
their location affect the resolving time, the signal-to-noise 
ratio, the overload recovery characteristics, the linearity of 
the pulse-height analyzer which follows the amplifier, and 
the accuracy with which timing information can be obtained 
from the system. 

The first pulse shaper to be used consisted of a short- 
time-constant 2C interstage coupling network introduced 
to clip the tails of the integrated detector pulse (12), thereby 
allowing increased count rate for the same probability of 
pulse coincidence. This network, with embellishments, is 
still the basis for the shaping networks in several contem- 
porary amplifier designs. 

The RC differentiator, if used without an integrator in an 
amplifier having good high-frequency response, produces a 
pulse shape like that shown in Fig. 21. (It is assumed that 
the input signal is from a detector having a short collection 
time.) From the standpoint of pulse-height analysis, this 
pulse shape is very poor. 

In the last few years, many workers have studied the 
pulse shaping problem with the result that a variety of net- 
works are available of varying degrees of complexity and 
performance. ‘Che relative performance with regard to 
noise and resolving time will be compared after the following 
gencral discussion of the relation between noise and pulse 
shaping. 

Pulse shaping, frequency response, and noise. Pulse 
shape and frequency response are closely correlated. In 
general, the location of the low-frequency edge of the 
amplifier pass band depends on the resolving time (the 
greater the resolving time, the lower the cutoff frequency), 
while for a given resolving time, the location of the high- 
frequency edge depends on the steepness of the sides of the 
pulse (the steeper the sides, the higher the cutoff frequency). 
A unit-height square pulse and a unit-height triangular 
pulse of the same area (and, therefore, resolving time) have 
approximately the same low-frequency cutoff characteris- 
tics, but the square pulse, because of its vertical sides, has a 
much greater high-frequency bandwidth limit associated 
with it. 
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FIG, 21. PULSE SHAPE from RC differentiator and fast amplifier 
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A given pulse shape corresponds to a characteristic dis- 
tribution of low and high frequencies. If the pulse duration 
is increased without otherwise altering the shape, that is, if 
the time scale is inereased, the centroid of the frequency 
distribution moves towards lower frequencies, and vice- 
versa. When the centroid moves towards lower frequencies, 
the absolute bandwidth decreases, but the ratio of high and 
low cutoff frequencies is unchanged. 

The preamplifier-detector combination has several noise 
sources associated with it.. The distribution of noise 
energy as a function of frequency f for these sources fall into 
three categories: ee 

© Mean squared voltage per cycle of bandwidth proportional to 
1/f*, These sources include grid: (base) current, thermally 
generated hole-electron pairs in semiconductor detectors, 
and thermal noise from the parallel combination of all 
resistors shunting the preamplifier input terminal to ground. 
© Mean squared voltage per cycle proportional to 1/f. These 
sources include noise due to surface leakage current in semi- 
conductor detectors, current noise in composition resistors 
connected to the preamplifier input terminal, and positive 
ion emission from the input tube cathode. 

© Mean squared voliage per cycle constant with frequency. 
These sources include shot noise from the plate current 
(collector current) of the preamplifier and main amplifier 
input stages, and thermal noise from damping and feedback 
resistors connected in series with the grid or cathode of the 
preamplifier input tube. 

After these noise signals, along with the desired signal, 
pass through the shaping networks, the distribution of the 
noise frequencies is altered. It is beyond the scope of this 
review to go into the details of how this happens, but the 
interaction of the shaping networks with the noise sources is 
given below (13). 

(J) Increasing the resolving time, 7'y, while keeping the 
ratio of rise and fall times to 7'~ constant increases the 1/f? 
equivalent rms noise directly as (7'w)’4, does not affect the 
1/f equivalent rms noise charge, and decreases the constant-f 
equivalent noise as ~1/(T'w)"*. 

(2) Holding the resolving time constant but increasing 
the ratio of high to low frequencies by decreasing the rise and 
fall times has little effect on the 1/f? noise, increases the 1/f 
noise, and increases the constant-f noise. 

A discussion of practical pulse shaping networks in the 
light of the foregoing is deferred for the moment. 

Effect of pulse shape on pulse-height analyzer response. 
Two categories of pulse-height analyzers are single-channel 
and multichannel (14). Usually in the former, regenerative 
discriminators are used; in the latter, the analogue-to-digital 
converter typically depends on the incoming pulse to charge 
a storage capacitor. The pulse shape requirements for the 
two are different. 

In the single-channel analyzers that consist of regenerative 
discriminators, all have the characteristic that the absolute 
voltage level at which the triggered state is established ‘is 
higher than the level which allows it to recover. 
ence between these levels is known as the hysteresis, The 
accuracy with which the discriminator can be relied on to 


measure pulse heights depends strongly on whether the: 


quasistable state is finally established for pulses which just 
reach the threshold height. For this to occur, two condi- 
tions must be fulfilled (75): (1) the decay of the input 


pulse which follows the peak must not fully traverse the 


The differ--. 


hysteresis region until the quasistable state of the trigger 
circuit has been firmly established; (2) at no time during 
this decay should its slope exceed the rate at which the 
charge on the parasitic capacitances within the circuit can 
be changed. 

The preceding requirements dictate a pulse shape which 
is idealized by the solid line in Fig. 22. 

The requirements for an ADC are different. In this 
circuit, a capacitor must be charged under limited current 
conditions to the peak of the incoming pulse, For high 
accuracy, the peak should preferably be approached at a 
rate which allows the voltage across the capacitor to follow 
the input signal in the vicinity of the peak, and the peak 
should preferably be unambiguous in the sense that a rapid 
reversal of slope should occur in a short time interval. 
(The desirability of an unambiguous peak relates to the 
certainty of operation of the slope detector in some ADC 
units.) he pulse shape which meets these requirements is 
shown dotted in Fig. 22. 

Pulse shaping and overload recovery. This aspect of 
pulse shaping was covered in detail in an earlier section. 
The ideal pulse for rapid recovery from overload is nominally 
rectangular, Wither of the pulses shown in Fig. 22 meets 
this criterion. 
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Timing 

In many experiments, the ability to measure the simul- 
taneity of events in two signal channels is necessary. Two 
standard techniques (76) for making the measurement are 
known as “leading-edge timing’ and ‘crossover timing” 
or “zero-crossing timing.’” 

In the first, a low-level discriminator triggered by the 
leading edge of the linear signal generates a standard pulse, 
the leading edge of which constitutes the timing marker. 
Since the input signal has a finite rise time, the timing 
marker can “walk” by an amount that depends both on the 
rise time and the range of pulse heights to be accommodated. 
Under adverse conditions, the walk can be greater than the 
rise time. 

Because of the dependence of walk on rise time, leading- 
edge timing is most effective when the signal is extracted at 


.a point in the amplifier chain before the leading edge has 


‘been degraded; namely, at the detector. With low-level 
detectors capable of good energy resolution, one is con- 
fronted with the problem of obtaining a sufficiently large 
signal from the detector to operate the discriminator without 
degrading the energy resolution. A technique for doing this 
with semiconductor detectors is to use an inductively- 
coupled pickoff unit located between the detector and a 
charge-sensitive preamplifier. Under favorable conditions, 


this method yields subnanosecond resolving time with a 
negligible effect on the pulse height resolution. 

In some experiments, the convenience of working with the 
main-amplifier output signal may justify some loss in timing 
accuracy. This loss is affected by the type of pulse shaping 
used and the dependence of amplifier rise time on pulse 
height. 

When the amplifier output signal is used for timing meas- 
urements, the use of crossover timing becomes attractive, 
this technique is restricted to doubly-differentiated signals ; 
its value lies in the fact that the crossover point is time- 
invariant with respect to the start of the detector signal, 
regardless of the pulse amplitude (in the absence of ‘“slew- 
ing”) or the type of shaping network used. Access can 
be had to this point by using a low-level discriminator 
in which the hysteresis has been adjusted to make the 
trigger recover exactly at zero volts. The trailing edge of 
the output pulse is then used for the timing marker. With 
this technique, the walk can be as short, as 1% of the rise 
time over at least a 20:1 amplitude range. 


Practical Pulse Shaping Networks 


From the preceding discussion, if is apparent that 
optimum pulse shaping is 9 compromise between a number 
of conflicting requirements. ‘The desirability of having 
high count-rate capability dictates short resolving time, but 
limits are imposed here by the ability of the pulse height 
analyzer to cope with narrow signals, by the collection time 
of slow detectors, by the noise requirements of the measure- 
ment, or by the bandwidth of the available transistors, 
Assuming that a compromise resolving time of Ty is arrived 
at, the next problem is the choice of pulse shaping network. 

In 1947, Den Hartog and Muller (/7) showed that a best 
possible pulse shape exists for minimum noise-to-signal 
ratio. The pulse shape depends on the relative contribu- 


TABLE 1—Singly-Differentiated Pulse Shaping Networks 


tions of grid-current and shot noise. Since then, several 
studies have been made in which particular networks were 
examined with regard to noise performance, and, in some 
cases, with regard to resolving time. A partial summary of 
these results, valid only for equal contributions from grid- 
current and shot noise, is given in Table 1. In a given 
measurement, one or the other of the noise components may 
dominate; depending on circumstances it may be possible to 
improve the performance, either by changing networks or 
by changing time constants in the notwork being used, In 
this sense, the table shows a worst-case comparison. Note 
that the networks are listed in. descending order of noise 
performance. 

® Cusp. Theoretically, a network having a cusp-shaped 
time response io a step-voltage yields the best possible snr. 
Of the several other networks which are considered, it also 
has the shortest resolving time. However, from the 
earlier discussion of ADC performance, the concaye- 
upwards leading edge combined with the pointed top make 
this network a poor one to use. In addition, true cusp-like 
response is not physically realizable because of the infinite 
time response required to the left of the peak. Wilson 
(18) described a circuit which approximated the desired 
response function but, probably because of its complexity, 
the network has not become popular. 

© Triangle. The triangular pulse shape (19, 20), second to 
the cusp in noise performance and resolving time, has 
much to recommend it and will probably become widely 
used in the next few years. A nearly perfect triangular 
pulse shape is obtained by integrating the output of a 
double-delay line (DDL) shaper with an operational 
amplifier stage connected as a true integrator (20). If 
the integrator is located at the output stage of the amplifier, 
the overload performance and timing accuracy accruing 
to the use of DDL shaping within the amplifier chain 








Resolving times and relative effect on rms-noise to peak-signal ratio® 
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each network will exhibit a different peak transmission factor and 
each will have a different optimum value for the time constant 7. 


are obtained with the additional feature of low-noise 
performance. 

The triingular waveform should also work well with 
ADCs. ‘The linear rise of the leading edge should result 
in constant charging current to the storage capacitor. 
The voltage to which it charges will always lag the input 
voltage by an amount directly proportional to the pulse 
height, and by an amount greater than would result from 
use of the dotted pulse shape shown in Fig. 22, but this 
lag, while making the ADC response more susceptible to 
changes in input pulse width than would be the case for 
rectangular pulses, should not adversely affect the linearity 
of response. 
© Delay-line differentiator, RC integrator. The waveform 
resulting from the use of this network (19) approaches a 
triangle, and, as is to be expected, the noise performance 
is comparable. The resolving time, however, is consid- 
erably worse, and overload performance and count-rate 
capability are subject to the limitations inherent in the use 
of single differentiation. 
© Gaussian, The pulse shape resulting from a single RC 
differentiator and n RC integrators, all of the same time 
constant, becomes Gaussian as n becomes large (18-22). 
For several reasons, this pulse shape is particularly useful: 
Its noise performance is only 4% worse than that, of the 
best physically realizable network (triangle), it can be 
fairly closely approximated by a simple circuit consisting 
of resistors, capacitors, and two operational amplifiers (to 
be described later); time-constant switching over a wide 
range is practical, no trimming adjustments are necessary, 
overload performance is excellent, and the pulse shape is 
compatible with ADCs. The principle shortcoming is 
the relatively poor rise and fall times, making it undesir- 
able for timing purposes. This difficulty can be overcome 
by preceding the integrators with the differentiator so 
that a fast-rising signal can be tapped off immediately 
preceding the first integrator. A bipolar signal can be 
obtained by adding a second RC or DL differentiator (with 
some loss of noise performance) preceding or following the 
integrator. 

While this review was not intended to be highly analytical, 
it is of interest to derive the constants in the Gaussian 
approximation. In the process, the simpler RC networks 
(19-24) will be covered. The formulas which apply to 
one RC differentiator and a cascade of n RC integrators, all 
of the same time constant 7’, are as follows: 


v(t) = trem T/n IT (8) 
This pulse peaks at t=nT (9) 
and the maximum height is 
v(t) max = n"e7"/n! (10) 
Tf we substitute Stirling’s approximation 
nl = V2ennre-"(1 4 1/120. . ») 
into Eq. 10, we find that 
lim 0(8)max 22 1/V/2an (1 + 1/12n) (11) 


ne 


For n = 1, Eq. 11 is high by less than 0.2%. For large n, 
the factor 1/12n may be neglected. 
Examination of Eq. 8 shows that substitution of x for u/T 


reduces the equation to a form that will be recognized as 
Poisson’s distribution (25). This similarity is accidental. 
Furthermore, the Poisson distribution is usually of interest 
when plotted as a function of n, whereas we are interested in 
it as a function of z. 

It is well known that the Poisson approaches the Gaussian 
distribution as n becomes large. The general shape of the 
Gaussian is described by {(@) = Ke~~™*/2" (12) 
Eq. 12 peaks at « = m to produce a maximum value of K. 
Since the multiple-RC network has a response peak at ¢ = 
nT’, we can substitute ¢ for « and nZ' for m in Eq. 13. It 
then remains to find ¢, We do this by applying two con- 
straints: areas and peak heights of Eqs. 8 and 12 must be the 
same. A table of definite integrals will show that 


K [orem de = Kf eneonrne dt (18) 
= KoV 2 


is ° w/(niT) ot! dt = T (14) 


from which it follows that K = Tov mm (15) 


‘The peak height of Eq. 13 is K and that of Eq. 14 approaches 
1/V 2m as n becomes large. Setting K = 1/V an and 
substituting in Eq. 15, we find that 

o= Vat 


lim v(t) = (1/-V 2an)ent-nra08? 


ne 


(16) 


so that (17) 
which is in the desired form. 

Yo find the resolving time, divide the area by the height. 
Combining Eqs. 10, 11, and 14, we find that 


T. = nieT/n" (18) 
SV 2nn T(1 + 1/12n) (19) 


where, as before, the approximation is accurate to 0.2% for 
n2l. 

‘As in the case of the cusp, a truly Gaussian waveform can- 
not be achieved with a physically realizable network, but 
with only 4 integrating sections the difference in noise per- 
formance between the actual network and the Gaussian is 
less than 4%. (To be continued in December) 
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Nuclear pulse amplifers— 
fundamentals and design practice-IV 


In this fourth part of the series that began 
last July, the authors conclude their dis- 
cussion of pulse shaping and go on to review 
the effects of temperature on line width 


by E. FAIRSTEIN 
Lennelec Instrument Company, Inc., Oak Ridge, Tennessee 
and J. HAHN 
Columbia University, New York, New York 


It was stated earlier that for a given resolving time, the 
least shot noise (constant-f noise) will be transmitted when 
the rates of rise and fall are minimized, This statement 
implies a pulse shape symmetrical about the peak, since any 
other would exhibit a rise time greater than the fall time (or 
vice versa). This generalization is clearly borne out by the 
data in Table 1—the DL-RC network produces an unsymmet- 
rieal response, If the peak were shifted to the center of the 
pulse and the sides straightened to minimize the rates of rise 
and fall while simultaneously holding 7 constant, a reduc- 
tion in shot noise transmission would occur. To reestablish 
equality between the grid- and shot-noise components one 
would then have to move the center of the passband higher 
in frequency, corresponding to a reduction in 7. Compar- 
ing the DL-RC response with that of-the triangle, we see that 
this is exactly what happens, Not only is 7’, substantially 
reduced, but a small reduction in total noise transmission is 
obtained as well. This pattern is repeated throughout the 
table. 

Pulse symmetry, in addition to improving the snr and re- 
ducing the resolving time, is noticeably helpful in reducing 
the recovery time and improving the overload performance 
of doubly-differentiated systems. Delay-line pulse shapers 
yield highly symmetrical doubly-differentiated pulses. RC 
networks are not as attractive in this respect, but acceptable 
pulse shapes can be obtained by cascading a series of inte- 
grators. The formulas which apply for two RC differenti- 
ators and m RC integrators, all of the same time constant, 
are given below. 

= (at Dr =t nour 
v(t) (n+ 1) te (20) 


The zero crossing occurs at 
to=(n+)7 (21) 


the peak of the primary pulse and that of the undershoot 
occur at 
tmx = (ntl + Vn+1)P (22) 


and the ratio of the undershoot peak height to that of the 
primary peak is 





nti+Vn+1 welt eo2VaF 


Relative undershoot = [ 
n+1—-Va+1 


(28) 


The relative height of the undershoot is a sensitive mea- 
sure of symmetry. A list of relative undershoot height vs n 
is given in Table 2. 





TABLE 2—Symmetry of Doubly Differentiated RC-Shaped 
Pulses 








Number of RC Relative height 
integrators, n of under shoot (%) 
1 34.5 
2 44,1 
4 53.1 
8 64.0 
15 70.3 
° 100.0 


(perfect symmetry) 





From the table, it can be seen that many sections must be 
used for good symmetry, A circuit variation which reduces 
by two the number of sections required for a given symmetry 
is shown in Fig, 28. This circuit does not lend itself to use 
with operational amplifiers because the low input impedance 
of such amplifiers loads the network. However, by trans- 
ferring the inductance to the integrator, the desired effect 
can be obtained if a current amplifier is used. See Fig. 24. 
The circuit works best if the current-mode stage has infinite 
output impedance, but a finite impedance can be accommo- 
dated by changing the values of L and C. 
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FIG. 23. RC DIFFERENTIATORS with inductive compensation 
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FIG, 24, INTEGRATORS with inductive compensation 


The operational characteristics of the circuit shown in 
Fig. 23 can be duplicated, without the need for induetors, 
through the use of bridged-T RC feedback networks around 
operational amplifiers as shown in Fig. 25, The effective 
time constants are unaffected by the terminal impedances of 
the amplifiers, and the networks are easily switched over a 
wide range. 

The circuit of Fig. 25 is critically damped and has a time 
response of 


v(t) = (39 — 9at)e-" — (39 + 30at + 100%? 

+ 1,838a%t*)e72 (24) 
where a = 1/T 
The undershoot is only 46.5%, but by altering the values in 
the feedback paths, the undershoot can be increased to about 
65% without introducing an overshoot. Referring to 
Table 1, it can be seen that this circuit gives results equiva- 
lent to that of approximately 9 cascaded , conventional 
integrators. The overload recovery characteristic is supe- 


rior to most delay-line pulse shapers because of the complete . 


absence of ringing, a goal which is very difficult to achieve 
with delay lines, 

The conventional delay-line pulse shape produces the 
flat-topped waveform shown in Fig. 26(a), which is excellent 
for timing but poor with regard to noise and pulse-height 
measurement. The waveform of Fig. 26(b) improves the 
noise performance (see Table 1) and is nearly ideal for pulse 
height measurement with the storage-type ADC circuits 
used in multichannel analyzers. This response is obtained 
by adding some integration as shown by Rs and C; in Fig. 27. 
For use with discriminators, the waveform of Fig. 26(c) can 
be obtained by addition of the dotted network in Fig. 27. 
It works as follows: For the initial part of the pulse, the gain 
is Rs/(R,| |R2). As C2 charges up, the dotted path becomes 
inactive and the gain drops off to Rs/R;. This network, 
while improving the performance of the discriminator, 
degrades the snr. 

We now consider the effect of double differentiation on the 
snr obtained in the final output. 


Input 





a 


FIG, 25, RCL RESPONSE synthesized with RC networks and 
operational amplifiers duplicates that of circuit in Fig. 23 


Current- 
mode 





Generally, single differentiation results in a better snr 
than double differentiation, However, if the system is 1/f* 
(grid-current or detector-current) noise limited, as it may be 
with low capacitance detectors and some preamplifiers, add- 
ing a second differentiator with the same time constant 
as the first has very little effect on the snr. If the system is 
constant-f (shot noise) limited, the second differentiator de- 
grades the snr by a factor of 1/1/38. A qualitative explana- 
tion applicable to the shot-noise limited system was first 
proposed by Chase (14). We extend the reasoning to grid- 
current noise. 

A doubly-differentiated pulse may be considered as the 
linear addition of two equal amplitude, singly-differentiated 
signals, one of which is inverted and displaced one pulse 
width along the time axis. (This, in fact, is what occurs 


(a) (b) (c) 


FIG. 26. WAVEFORMS with delay-line pulse shaping: (a) no 
integration, (b) with integration for use with multi-channel ona- 
lyzers, and (c) with integration for use with discriminators 


when two DL pulse shapers are cascaded.) Referring to 
Fig. 28, we see that point A shifts to point C and falls 
directly below Point B. In the absence of correlation 
between the noise signals at B and C, the noise levels at B 
and C would add quadratically. Since the amplutude of the 
desired peak signal is not changed in the process, it seems 
that the snr should be degraded by a factor of 1/+/2. 
However, as noted by Chase, partial correlation does exist 
between the noise signals at these points and the effect of 
this correlation is to increase the degradation to 1/+/3. 
‘This is indeed the case for shot noise, but not for grid-current 
noise. ‘The addition of a second differentiator has little 
effect. on the upper edge of the passband, but it moves the 
lower edge higher in frequency by a factor of 2, (This 
follows from the fact that a differentiator is a high-pass 





FIG, 27. DELAY-LINE PULSE SHAPING CIRCUIT with integration 
and compensation gives pulse shape shown in Fig, 26¢ 


filter.) Since most of the shot noise after passing through 
the shaping networks is concentrated at high frequencies, the 
amplitudes of the separate components are not affected by 
the time translation. Grid-current noise (1/f? noise), how- 
ever, is concentrated at low frequencies, By doubling the 
lower cutoff frequency, we reduce the grid-current noise 
contribution, thereby partially offsetting the expected noise 
increase which would be obtained by quadratically adding 
the waveforms. 


t 


) 


FIG, 28 NOISE ENHANCEMENT due to DDL differentiation, 
Addition of second differentiation enhances noise-to-signal ratio 
because in synthesis of the bipolar pulse, the signal at A is shifted 
to C, where it adds quadratically to the signal at B. The signals 


at B and C are partially correlated; enhancement is V3x 


The addition of an integrating network changes the degree 
of correlation and therefore the numerical constants dis- 
cussed above. The constants applicable to particular net- 
works can be determined by substituting numerical values 
into the formulas published by Tsukuda (24), With the 
network (discussed earlier) that produced an approximately 
Gaussian pulse shape it was found experimentally that the 
degradation in snr in going from single to double differentia- 
tion is less than 8% when grid current noise controls and 
about 50% when shot noise controls. 


Location of Pulse Shaping Network 


The basis for the location of the differentiators was cov- 
ered in the section on overload recovery and is explicitly 
stated here. 

From the standpoint of pile-up, the first differentiator 
should be placed as close to the preamplifier input as possi- 
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FIG. 29. PULSE AMPLIFYING SYSTEM in which integrators ore 
placed near output of the amplifier, allowing a relatively high- 


ble, consistent with negligible noise contribution from the 
main amplifier. In some cases, noise is swamped by other 
factors. For example, in reactor-control fission chambers, 
the high-rate @-background completely overrides the elec- 
tronic noise and there is a real advantage to placing the 
first differentiator at the preamplifier input terminal. 
Under other circumstances, this would be the worst possible 
place to put it, not only because the differentiator at this 
point reduces the amount of signal charge available to the 
system but because, when double differentiation is used, the 
thermal noise contribution is greatest when the input resis- 
tor is at that value which makes the two differentiators 
have the same time constant (8). The second differen- 
tiator, when used, may be located at any convenient point 
in the amplifier chain. For a while it was thought that 
to preserve the short-term area balance between the pri- 
mary pulse and its undershoot under overload conditions 
(necessary to prevent baseline shift at high count rate in 
the pulse-height analyzer when no d-c restoration is used) 
it was mandatory that any pulse-height-limiting action 
should occur between the two differentiators and not after 
the second (26, 26). 

Depending on the pulse amplitude at which limiting oc- 
curs, this may require the second differentiator to be located 
fairly close to the output terminal, However, analysis and 
test by one of us has shown that even in the absence of 
limiting after the second differentiator, short-term area un- 
balance, expressed as a fraction of the primary pulse area, 
is numerically equal to the fractional undershoot which ex- 
ists at the output terminal of the first differentiator. Since 
such an undershoot always exists and since it is magnified 
under overload conditions, the restriction on the location 
of the second differentiator as discussed above has no basis 
in fact. 

In principal, the relative location of the integrators and 
differentiators is unimportant, at least with respect to the 
snr. In practice, there are some good reasons for placing 
the integrators near the output terminal as shown in Fig. 
29. These are: 
¢A high level, fast-rising pulse is available in the amplifier 
chain for timing measurements 
¢ The first differentiator may be set to a much lower value 
than the integrator and second differentiator, thereby 
approaching current-mode operation. 

The latter operating technique not only improves the over- 
load performance by a factor equal to the ratio of second 
to first differentiator time constants, but it also allows one 
to use the following measuring techniques: 

(1) Suppose that a high-rate, low energy spectrum inter- 
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level, fast output signal to be obtained from input of amplifier 
and permitting approach to current-mode operation 


feres with the measurement of a low-rate, high energy spec- 
trum. The desirability of operating the complete amplifier 
at a short time constant may be offset by noise requirements 
and the inability of the pulse-height analyzer to accept nar- 
row signals. These conflicting requirements can be met by 
staggering the time constants as stated above, and by insert- 
ing a normally-closed (signal blocked) gate in the signal 
line (Point X in Fig. 29) which is opened only long enough 
to allow the transmission of desired signals. A block dia- 
gram of this arrangement with waveforms is shown in Fig. 
30. 

(2) The preceding technique can be used as a pile-up 
rejector (to reduce the distortions due to sura spectra) if, 
when triggered, the discriminator shown in Fig. 30 (a) 
opens the linear gate just Jong enough to allow transmission 
of the short signal from the gain section of the amplifier, 
(b) then remains inoperative for the duration of the long 
signal issuing from the output terminal of the complete 
amplifier. 

In a further refinement, the signal furnished to the fast 
discriminator could be doubly differentiated with 0.1-ssec 
lines, By measuring the time interval between the leading 
edge and the crossover point, signals which overlapped 
within 10 nanosec could be detected and prevented from 
passing through the gate. Thus, a system producing pulses 
perhaps 10-usec long in which the chance coincidence resolv- 
ing time for overlapping pulses was equivalent to that of 
a system having a 10-nsec resolving time could be realized. 

Returning to Fig. 29, note the presence of two integrators. 
The first one converts the short pulse from the output of 
the first differentiator to a step having a short rise time 
and a long decay time (determined by the integrator time 
constant), From our earlier discussion, we know that this 
pulse shape is accompanied by a poor sur. This condition 
is remedied by the second integrator, which slows the rise 
time and improves the symmetry about the peak. 


Triple Differentiation 

All amplifiers currently in production use single or double 
differentiation. 

Referring to Figs. 18 and 19, one sees that the degree 
of overload which the system can tolerate before paralysis 
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FIG. 30, AMPLIFIER-GATE SYSTEM blocks low-energy background 
but allows transmission of high-energy pulses to amplifier 


oceurs depends on the undershoot at Point B, This under- 
shoot, in turn, depends on the size of the secondary time 
constant which is necessary to prevent excessive pile-up in 
the preamplifier. Just as double differentiation resulted in 
an extreme case of undershoot with a net improvement in 
overload performance, so does triple differentiation repre- 
sent an improvement over double. 

With triple delay-line differentiation, the output wave- 
form has the shape shown in Fig. 31 (a); with triple RC 
differentiation and the integrators shown in Fig. 25 the 
shape is that shown in Fig. 31 (b). By performing pulse 
height analysis on the undershoot, ambiguity between the 
primary pulse and the overshoot is avoided. 

In the amplifier of Fig. 18, paralysis set in at 240X over- 
load. If the third differentiator is cascaded with the first, 
or better yet, built into the preamplifier, paralysis cannot 
set in until the preamplifier overloads, which, depending 
on count rate, may not occur for overload factors of less 
than 5,000 . 

In the same amplifier, with 7: = 50 usec, the output 
signal overshoot is 0.04%. At 240X overload, it in- 
creases to 9.6% of rated output and decays with a time 
constant of 50 psec. With triple 1-usec differentiation 
and the same secondary time constant, a secondary under- 
shoot would oceur having a nonoverloaded relative am- 
plitude of (Z'w/T)’ = 0,.0008%. At 1000X overload, the 
secoridary undershoot would increase to only 0.8%. How- 
ever, with the third differentiator taking the place of 
the preamplifier interstage coupling network which formerly 
determined the secondary time constant, the new secondary 
time constant would occur at some other place in the ampli- 
fior and would no longer be restricted by pile-up considera- 
tions. If this secondary time constant were increased by 
only two times (from 50 to 100 usec) the amplifier would 
recover to 0.1% in approximately two nonoverloaded pulse 
widths from 1000x overload. What this means in terms 
of scintillation counting, for example, is that with a system 
sensitivity set to analyze 50-kev x-rays, 50-Mev energy loss 
in the counter from a passing cosmic ray would not paralyze 
the system for more than two pulse widths. 

Another advantage of triple differentiation is the occur- 
rence of éwo crossover points for timing references, one of 
which occurs before the pulse to be analyzed. Thus, pulse- 
height analyzer gating operations can be accomplished with- 
out the need for delaying the amplifier signal to the 
analyzer. 

A shortcoming of triple differentiation is reduced signal- 
to-noise ratio. When RC differentiators and integrators are 
used, all of the same time constant, the loss in snr compared 


(a) (b) 


FIG. 31. DIFFERENTIATED WAVEFORMS for (9) triple delay line 
and (b) triple RC differentiator with integrators shown in Fig. 25 


with single differentiation varies from 1.6X to 3x, depend- 
ing on the number of RC integrating sections and whether 
1/f* (grid current) or constant-f (shot) noise controls.* 


Diode Restorers 


Throughout this review, the undershoot of pulses has 
been a subject of primary concern. In principle, the ad- 
vantages of single differentiation with regard to snr could 
be combined with the count-rate performance of double 
differentiation if the baseline could be kept independent of 
count rate. It might seem that this should be possible 
through the judicious use of diode restorers; in actual fact, 
however, their use has never been very successful except 
in special circumstances. 

A typical diode restorer circuit is shown in Fig. 32. 
Pulses of one polarity pass unopposed but, those of opposite 
polarity are clamped to within a few tenths of a volt of 
ground by the diode action. 

If the circuit is driven by a low impedance source and 
if the signal has more than 0,2 v of undershoot before it 
arrives at the network, the clamp circuit causes the coupling 
capacitor to charge incorrectly and can introduce as much 
baseline shift as it was intended to correct. Furthermore, 
this shift, being of the same polarity as the primary pulse, 
could be confused for another desired pulse. Finally, if the 
signal contains noise, the diode will rectify it and establish 
a baseline at its negative peak value. 


ne: 


FIG. 32, EFFECT OF DIODE RESTORER on pulse with undershoot 


Input Output 


Placing the clamp early enough in the amplifier to pre- 
vent the formation of an undershoot will not work because 
of the nonlinearity introduced by the curvature of the diode 
characteristic at low signal levels. 

Another diode restorer circuit is shown in Fig. 33. Both 
diodes conduct a small but equal current in the absence 
of input signal. When the signal current exceeds this bias 
current, an output is obtained. One of the characteristics 
of this cireuit is that it removes a slice of signal close to 





SYMMETRICAL DIODE RESTORER CIRCUIT 


FIG, 33. 





* An article on triple differentiation by E. Pairstein ts acheduled for 
publication in IEEE Trans. Nuclear Sci. NS-18 (Feb. 1966). 


the baseline, which may or may not be desirable. The cir- 
cuit can prevent a spectrum shift at high count rates by 
preventing a baseline shift, but, since it does not eliminate 
undershoot, it cannot prevent dispersion. As with the sim- 
pler diode clamp, placing the circuit close to the input to 
eliminate undershoot causes nonlinearity, particularly so be- 
cause of the slice-removal characteristic. 

The height of the slice removed is slightly less than 
1Ro, where I is the diode bias current and Ro is the out- 
put impedance of the driver stage. If 7 = 100 mwa and 
Ro = 100 Q, the slice height is slightly less than 10 my. 


Effects of Temperature on Line Width 


The principal effect of temperature on line width is an 
indirect one caused by the dependence of amplifier gain on 
temperature. No matter how carefully the system has been 
optimized for pulse-height resolution, gain drift over a sev- 
eral-hour run will spread spectral lines just as surely as 
high-frequency noise. 

With enough feedback, the over-all dependence of ampli- 
fier gain variations in transistor parameters can be made 
negligible. (We will return to this statement shortly.) 
The remaining gain variations then depend on the tempera- 
ture stability of the resistors and capacitors used in the 
feedback networks, the gain controls, the input and output 
terminating resistors, and, if delay-line pulse shaping is 
used, the delay lines. In older amplifier designs, carbon 





TABLE 3—Temperature-Stable Components* 





Temperature 
stability 
Resistors (ppm/°C) 
Deposited carbon 2()0-400 (negative) 
Metal film T-0 +150 
i meal! 3 5 +100 
ene + 60 
8 SETS + 25 
Wirewound, power, nichrome +160 
Wirewound, precision + 20 


Not suitable except as a 
rough trimmer 
200-400 (negative) 


Carbon composition, variable 


Cermet, variable 
Capacitors 


Ceramic disc, NPO + 30 
Ceramic dise, GA, GMV, or HK Not suitable 
Mica, silvered, 100pf and up 0 to +70 
Polycarbonate film — 25 to +140 
Polyester film +100 to +400 
TFE film —200 
Polystyrene film ~125 
Paper or Oil Not suitable 
Tantalum Not suitable 
Delay lines 

Continuous cables 

Delay 250-400 

D-c resistance +4,000 
Miniature encapsulated 

Delay 101,000 

D-c resistance +4,000 





* Suitable for critical circuits (pulse shaping networks, gain con- 
trols and terminating resistors). 


—_—— 


composition resistors were used extensively in critical places. 
This type of resistor is inadequate by modern standards. 
Components suitable for temperature-stable operation are 
listed in Table 3, 

In many instances,:such as in gain controls and pulse 
shaping networks, ratios of component values rather than 
the absolute values are critical. Thus, the effects of tem- 
perature variation in different components tend to cancel 
each other, The degree to which one can rely on this can- 
cellation depends on the temperature gradients within the 
instrument cabinet and the relative thermal masses of the 
separate components. The power supply, with its rela- 
tively large amount of power dissipation, is a prime genera- 
tor of thermal gradients. 

In connection with the power supply, a source of thermal 
drift frequently overlooked is variation in power-line volt- 
age. While the power-supply voltage regulation may be 
excellent, this regulation is usually obtained through some 
element in the regulator absorbing the line-voltage varia- 
tions. Thus, the total heat dissipation within the instru- 
ment cabinet may depend rather strongly on line voltage. 
A typical change in the heat dissipation is 13-15% for a 
10% line voltage shift with a time constant of 20-40 min. 

The earlier statement concerning the use of heavy feed- 
back as a means of obtaining independence of parameter 
drift requires some comment. 

In general, the rise time of an amplifier is improved as 
the feedback factor is increased. As the desired pulse width 
produced by the shaping networks approaches the closed- 
loop rise time, the degree to which the feedback is effective 
in stabilizing the amplitude response becomes questionahle. 
We now examine this situation. 

The closed-loop amplification A of a feedback amplifier 
(28) in which the open-loop amplification is « and in which 
the feedback ratio (fraction of output signal fedhack to 
the input) is 8 can be expressed as 


_ 1 _ #6 
Bl + ue 


In this form, the nominal gain is the reciprocal of the feed- 
back ratio, 8, multiplied by a correction term which ap- 
proaches unity as #6 approaches infinity. Tg., if #8 = 10, 
the correction term 48/(1+ 48) is 0.91. The factor 
1+ uf is defined as the feedback factor, and it is easy to 
see that the larger it is, the less of an effect a change in 
the open-loop gain will have on the closed-loop gain, and 
the more nearly will it be determined by the passive ele- 
ments which usually constitute the 6 network. 

Now suppose that the 8 network is frequency independent 
and that the transient response of the amplifier (x path) 
is controlled by a single time constant 7’. The amplifier 
gain then becomes 


(25) 





u(t) = (1 — e/7) (26) 
Its Laplace transform is 
u(p) = w/(1 + pT) (27) 


From Eg. 26, we conclude that the effective open loop gain 
is zero at t = 0, increasing to its equilibrium value » with 
the time constant 7’. 

Substituting Eq. 27 into Eq. 25, we get the following 
expression 


" ! up 1 
Epa == ——— 
B1l+ p81 + pT (1 + uB) 
and 
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From Eq. 29 we conclude that the application of feedback 
reduces the open-loop gain from » to 1/8 and reduces the 
time constant 7 to 7'/(1 + u8). 

Now refer to Fig. 84. Curve (a) represents the open- 
loop transient response to a unit-height input voltage step, 
or, stated differently, the effective gain as a function of 
time. (A value of 100 is assumed for «.) Curve (¢) repre- 
sents the closed-loop gain A. (A value of 0.1 is assumed 
for A; it follows that 1+ 48 = 11,) If is halved (because 
of gain drift in a transistor), curves (b) and (d) result, 
Note that the time constant of (b) is not effected but that 
of (d) is doubled. (These results follow from Eqs. 26 and 


(29) 
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FIG. 34. TRANSIENT RESPONSE of an amplifier stage with and 
without feedback illustrating that, immediately after settling has 
occurred (in the feedback condition), gain stability is based on the 
d-¢ open-loop gain and not on the transient open-loop gain 


We now come to the heart of the matter. 

Suppose the pulse shaper to be a delay line of differen- 
tiating time 7’, The effective pulse height would then be 
measured at the location of the vertical arrow in Fig. 34. 
If the closed-loop gain has come to equilibrium at this point 
it is valid to use the equilibrium value of « in computing 
amplitude variations due to changes in 1 + uf, despite the 
fact that » is far from equilibrium. This reasoning does 
not apply in the transient region of the A(t) curves be- 
cause, in this region, both the time constant, and the ampli- 
tude are affected by changes in 1+ 48, compounding the 
closed-loop gain variation. 

Servo-stabilizers. In complex instrumentation systems, 
servo-stabilizers which monitor a selected point on a spec- 
trum and hold it constant by varying amplifier gain are 
becoming ever more popular. The servo-stabilizer can re- 
sult in a spectacular improvement in long-term overall gain 
stability, but it cannot reduce dispersion due to high fre- 
quency noise, wundershoot, linearity or poor overload 
recovery. (To be continued) 
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Nuclear pulse amplifiers— 
fundamentals and design practice-V 


In this fifth part of the series that began last 
July, the authors discuss amplifier timing 
accuracy and ground loop noise problems 


by E. FairstEin 


Tennelec Instrument Company, Inc., Oak Ridge, Tennessee 


and J. Hann 


Columbia University, New York, New York 


Amplifier Speed and Timing Accuracy 


The constancy of the crossover timing with respect to 
the incident event depends on the pulse rise time remaining 
independent of pulse amplitude and of parameter drifts. 
It is also very convenient, though not essential, to have 
the timing independent of the amplifier gain settings. 

Independence of pulse rise time on amplitude, or absence 
of “slewing,” is achieved by ensuring that the amplifier cir- 
cuits, with the feedback disconnected, have a rise time over 
the required range of pulse amplitude which is less than 
that required over the same range with the feedback loops 
closed. 

Independence of gain settings is obtained by careful fre- 
quency compensation of the individual gain positions. This 
is particularly critical if a true feedback gain control is 
used. 

Independence of parameter drift is obtained through the 
use of heavy feedback, highly stable passive components 
in the feedback path, and a rise time controlled by the 
feedback path. 

Control of the rise time by the feedback elements is 
assured if the rise time with the feedback path broken 
is somewhat better than with the feedback operative. If 
the demands on amplifier speed make this impossible, a 
compensation technique (29) can be used to overcome this 
problem. The method to be described works with non- 
fedback amplifiers as well as with fedback amplifiers. 

Refer to Fig. 35. The amplifier in which gain variations 
or frequency response variations are to be corrected is desig- 


nated as the main amplifier. A second, similar amplifier , 


is required which is designated as the compensating ampli- 
fier. Each amplifier is assumed to have one dominant time 
constant 7 which may vary, perhaps, over a 10% range 
because of drifts in the active elements. The two amplifiers 
need not drift together, and gains as well as time constants 
may drift. The compensating networks should be con- 
structed of stable, passive elements, and the time constants 
must be nominally the same as those of the amplifiers. Tn 
addition, a stable, frequency-independent attenuator must 
be used having an attenuation factor which is the reciprocal 
of the nominal gain of the main amplifier. The corrective 
action is as follows: 


The direct output from the input compensating network 
is exactly balanced at the first adder by the attenuated 
output of the main amplifier, unless a fluctuation in gain 
or rise time occurs in the main amplifier. If a fluctuation 
does occur, it is amplified, inverted, and bucked at the 
second adder against distorted output from the main am- 
plifier, thereby cancelling the fluctuation. Fluctuations in 
gain or rise time of the compensating amplifier affect, only 
the amplitude of the correction signal and, therefore, have 
a second order effect on the total response. It can be 
shown analytically and has been proved experimentally that 
fluctuations of gain or rise time in the main and compensat- 
ing amplifiers are reduced at the output to the product 
of the separate fluctuations. E.g., if the gain (or rise 
time) of one amplifier changes by 10% and of the other 
by 20%, the net change in the output is 10% of 20% = 2%. 


Ground Loop Noise 


There are many situations where the preamplifier and 
main amplifier must be separated by 100 feet or more under 
formidable man-made noise conditions. It is not too diffi- 
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FIG, 35. AMPLIFIER SYSTEM for cancelling gain or rise-time 
variations without the use of feedback. Gain variation in the 
main amplifier produces an error signal at the output of the first 
adder which, when amplified by the compensoting amplifier, can- 
cels to the first order the variation at the output of the second adder. 
With variation in gain the compensating amplifier contributes no 
signal to the second adder; its output is precisely as shown 
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cult to shield signal cables against r-f pickup, but it is very 
difficult to prevent ground-current noise pickup. 

The mechanism by which this pickup occurs is as follows: 
The metallic frame of a building is often thought of as 
an equipotential structure. It cannot be so because it takes 
an electrical impulse injected at one end a finite time to 
reach the other, Assuming impulses to travel with the 
velocity of light, two parts of a ground system 100 feet 
apart will be at different potentials for at least 0.1 msec 
following the injection of a current, pulse at one end. Since 
it is most unlikely that a ground system is a matched-im- 
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FIG, 36. GROUND LOOP NOISE is reduced by differential 
amplifier input stage and twin axial cable 


pedance structure, multiple reflections would occur, and 
total pulse durations of a microsee or more can be expected. 
Cables in parallel with this path will pick up part of this 
current, by induction in a single-point ground system, or 
by conduction in a multi-point ground, The instantaneous 
voltage drop across the ends of the cable will, in effect, 
appear to be in series with the input of the main amplifier. 

If a differential input circuit is used in the main amplifier 
and if the connecting cable between preamplifier and main 
amplifier is of the twinaxial type (0.g., RG-108A/U), ex 
perimental measurements indicate that the ground-loop 
noise pickup can be reduced 50 to 200 times with 1-ssec 
pulse shaping. The wiring is shown in Fig. 36. One of 
the cable inputs receives signal from the preamplifier output 
stage through an adjustable impedance matching resistor. 
The other cable end is grounded to the preamplifier ease, 


_ also through an adjustable matching resistor. The desired 


signal is unbalanced with regard to the differential input 
and receives normal amplification. The noise signal, be- 
cause it enters through the outer shield, furnishes two sig- 
nals to the main amplifier, balanced in amplitude and of 
the same polarity; these signals cancel each other. 

The resistor Ru is adjusted for minimum reflection of 
the desired signal; Rm is then adjusted for minimum noise 
pickup. (to be continued) 





Appendix—Early History of 


Pulse Amplifier Development 


The basic principles of clectronic pulse amplification 
emerged between 1926 and 1929. Further development 
was very slow until the war years 1940-1945. For the 
interested reader, we trace the history during this era. 
(Most of our information came from The Review of 
Scientific Instruments prior to 1949.) 

The first published work on the use of vacuum tubes for 
the amplification of pulses from a radiation detector (ion 
chamber) was by Greinacher (/) in 1926. The amplifier 
contained four tubes which were transformer coupled, No 
pulse shaping was used; the low-frequency noise and the 
resolving time must have been quite high, but single 
alpha-particles could be detected. 

In 1931, Wynn-Williams and Ward (/2) published a 
paper describing the amplifier used by them in 1929 (in 
collaboration with Cave) in a measurement of alpha-particle 
emission from radium ($f). Wynn-Williams and Ward 
understood the need for high-valued input resistors, the 
effect of blocking caused by amplitude overload, and most 
important the need for a single, short time-constant coupling 
network between the preamplifier and main amplifier. 
They also understood that an undershoot (“back-kick’’)’ 
would result from the shaping action of two cascaded 
coupling networks, as evidenced by the following quotation 
from the 1929 paper: 


“In cach case the area below the zero line must be equal 
to that above it since, over the whole time of recording of a 
particle, fi-dt=0. By increasing the time of leak the 
amplitude of the “back-kick” is reduced. While a large 
back-kick might be no disadvantage in some types of 
experiment, it would make the counting up of records a 
little more troublesome in the present ones where particles 
followed in such rapid succession that often a second 
particle would be recorded during the back-kick due to a 
first. The deflection for the second would consequently 
start from well below the normal zero line.” 

With the preceding statement, Ward, Wynn-Williams, 
and Cave seem to have fixed the philosophy of unipolar 
pulse shaping (namely, that undershoot should be minimized 
by making one interstage coupling network have a time 
constant very much shorter than any other) for the next 
23 years. This situation probably came about because of 
the following factors: 

In the absence of electronic counting and pulse-height 
measuring circuits, a photographic strip-chart recorder was 
devised to record the output pulses from the amplifier. 
Individual pulse heights could be measured from the photo- 
graphic record. (‘The pulses had a decay constant of about 
500 usec and the pulse-pair resolution was less than 0.01 sec.) 
In reading the trace, it was advantageous to have a minimum 
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undershoot, but the fact that the baseline shifted with 
counting rate was immaterial; the eye could easily correct 
for this displacement. When a pulse height measuring 
circuit was invented in 1938 ($2), this ability to correct for 
baseline shifts was lost. By that time, however, the idea of 
minimizing the undershoot was firmly accapted and it 
endured until the principle of bipolar-pulse shaping was 
formally stated in 1952 (8, $3). 

In 1934, J. R. Dunning published a paper (84) describing 
a practical amplifier circuit for nuclear applications based 
on the earlier work of Wynn-Williams. Dunning apparently 
gave considerable thought to the optimization of time 
constants and input tube operating conditions. The 
differentiator was an RO coupling network of 500-ysec 
time constant. No overt integration was used. The noise 
level referred to the input was reported to be 1 zv rms at an 
unspecified input capacitance. No feedback was used. 
The preamplifier was separate from the main amplifier. 

The technique of gain stabilization by negative feedback 
(85) was applied to a nuclear pulse amplifier by Waddell in 
1939 (36). It is interesting to note that (1) the first stage 
was omitted from the feedback loop because it was feared 
that feedback would adversely affect the signal-to-noise 
ratio (It does not, See Gillespie (78) for a proof), (2) the 
optimum differentiating time constant was still 500 psec 
as used by Dunning 5 years earlier, and (3) increasing the 
rise time from 25 psec to what should have been the optimum 
value of 500 psec had little effect on the noise performance. 

No basic improvements in amplifier design were reported 
during the next decade. 

The second world war (1940-1945) brought with it a 
tremendous concentration of effort in all phases of elec- 
tronics and nuclear technology, and we entered a new era 
in the development of pulse amplifiers. High figure-of- 
merit tubes made possible the development of stable 
amplifiers operating with submicrosecond pulse widths. 
‘At the Los Alamos Scientific Laboratory, amplifier design 
efforts culminated in the Model 500 linear pulse amplifier 
(87). The Los Alamos group also introduced the technique 
of delay-line pulse shaping. 

The Model 500 amplifier was the prototype for the Oak 
Ridge National Laboratory Model A-1 amplifier (6). The 
A-1 was put into commercial production and became a 
standard instrument in many nuclear research laboratories. 

This brings to a close our text on the development of 
pulse amplifiers. The discussion continues with an an- 
notated bibliography beginning with Ref. 38 (see below), 
This bibliography is far from complete, and not all of the 
publications represent “firsts.” 
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